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Abstract 


In  this  thesis,  multilevel  PAM  signalling  with  decision- 
feedback  equalization  (DFE),  for  digital  communication  over  a 
multimode  optical  fiber,  is  investigated.  This  investigation 
starts  with  a  theoretical  comparison  of  multilevel  and  binary 
signalling  based  on  a  derivation  of  the  theoretical  signalling 
capacities  of  a  bandlimited  channel  possessing  shot  noise.  A 
more  applied  comparison  is  then  made  through  consideration  of 
binary  and  4  level  signalling  over  hypothetical  multimode  fiber 
channels,  both  with  and  without  DFE.  This  comparison  indicates 
that  4  level  signalling  with  DFE  can  offer  bit  rate  -  distance 
products  with  multimode  fibers  comparable  to  that  obtainable 
with  binary  signalling  over  single-mode  fibers.  The  choice  of 
DFE  is  defended  by  a  theoretical  comparison  to  the  linear  zero¬ 
forcing  and  minimum  mean- squared  error  equalizers.  Also,  an 
upper  bound  on  the  error  propagation  effect  of  DFE,  for 
multilevel  PAM  systems,  is  derived;  although  this  bound  is 
pessimistic,  it  does  indicate  the  strong  dependence  of  this 
error  propagation  on  the  number  of  signal  levels  and  the  number 
of  significant  feedback  taps.  The  potential  data  rate  increase 
obtainable  for  a  dispersion- 1 imited  fiber  system,  with  feedback 
equalized  multilevel  signals,  is  demonstrated  in  an 
experimental  4  level  PAM  system  having  one  tap  of  DFE.  The 
system  error  rates,  as  a  function  of  the  received  optical  power 
and  the  data  rate,  are  theoretically  predicted  through  computer 
analysis,  and  these  predictions  are  verified  by  their  close 
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agreement  with  the  measured  system  performance.  A  data  rate 
close  to  5bits/Hz  of  channel  bandwidth  is  demonstrated  with  the 
simple  experimental  system.  Finally,  concluding  remarks 
summarize  some  of  the  concepts  developed  throughout  the  thesis, 
and  recommendations  for  further  research  in  this  area  are 
given. 
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CHAPTER  1.  INTRODUCTION 


1.1  Overview  of  Optical  Fiber  Communications 

The  past  decade  has  witnessed  major  developments  in  the 
field  of  telecommunications.  The  emergence  of  optical  fiber  as 
a  reliable,  economically  attractive  transmission  medium  has 
been  one  such  development.  The  principal  advantages  of  optical 
fiber  over  other  transmission  media  are  by  now  well 
established.  No  other  medium  offers  as  large  a  bandwidth  with 
such  a  low  attenuation.  Also,  fiber  systems  are  immune  to 
electromagnetic  interference,  offer  higher  security,  and  weigh 
less  than  coaxial  systems.  They  are  much  smaller  than  coaxial 
cables,  resulting  in  installation  cost  reductions.  This  is 
especially  true  for  buried  communication  networks  with  limited 
duct  area,  such  as  those  found  in  urban  telephone  networks. 

The  technology  involved  in  fiber  systems  is  young  [1]. 
Consider,  for  example,  semiconductor  lasers;  these  devices  are 
usually  employed  as  the  optical  source  for  long  haul  systems. 
The  development  of  the  first  semiconductor  laser  dates  back  to 
1962  (Hall,  Nathan  et  a  1 .)  [2,3];  the  first  room  temperature 
continuous  wave  semiconductor  laser  was  developed  in  1970 
(Hayashi  et  a  1 .)  [4],  but  it  lasted  only  a  few  hours.  Present 
devices  can  have  mean  lifetimes  exceeding  10^  hours  [5]. 

Actual  fiber  technology  for  communications  started  later 
than  semiconductor  laser  technology.  In  1966,  Kao  and  Hoekam 
[6]  showed  theoretically  that  the  attenuation  found  in  glass 
was  mainly  due  to  impurities  and  not  due  to  the  glass  itself. 
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This  spurred  on  fiber  research  and,  in  1970,  Corning  Glass 
Works  produced  a  single  mode  fiber  with  less  than  20  dB/km 
attenuation  at  wavelengths  around  830  nm  [7].  In  1972,  a 
multimode  fiber  with  an  attenuation  of  less  than  4  dB/km  was 
achieved  [8].  In  1976  ,  fibers  with  attenuations  of  1.6  dB/km 
were  reported,  close  to  the  theoretical  limit  for  830  nm  [9]. 
By  operating  at  longer  wavelengths,  values  of  0.25  dB/km  and 
less  are  increasingly  being  reported,  the  best  result  currently 
being  0.16  dB/km  for  a  single-mode  fiber  at  a  wavelength  of 
1.55  urn  [10,11,12,13]. 

Another  result  of  research  efforts  is  the  development  of 
fibers  with  increasingly  larger  bandwidths.  Although  the  best 
attenuation  results  for  silica  glasses  have  been  achieved  at 
1.55  urn,  the  best  bandwidth  results  presently  occur  at  a 
wavelength  in  the  vicinity  of  1.3  urn,  where  the  material 
dispersion  of  these  glasses  passes  through  zero.  Using  optical 
sources  having  a  narrow  linewidth  and  a  center  wavelength 
corresponding  to  this  zero  material  dispersion  wavelength,  the 
material  dispersion  becomes  quite  small.  In  this  situation,  the 
bandwidth  of  multimode  fibers  is  limited  by  modal  dispersion. 
To-date,  the  highest  modal  bandwidth  for  a  multimode  fiber  is 
9.7  GHz-km,  which  is  still  an  order  of  magnitude  below  the 
theoretical  limit  [14,15].  Single- mode  fibers  have  no  modal 
dispersion;  hence,  their  bandwidth  at  this  wavelength  is 
extremely  large  and  is  in  the  order  of  200  GHz-km  or  higher 
(depending  on  the  spectral  purity  of  the  source)  [16,17]. 
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There  exists,  however,  a  demand  for  still  longer  range, 
higher  capacity  communication  systems;  an  example  of  this  is  a 
trans-Atlantic  fiber  optic  link  with  no  underwater  repeaters. 
Even  with  present  fiber  technology,  most  systems  have  a  maximum 
data  rate  and  repeater  distance  dictated  by  dispersion  or 
attenuation  limitations.  Consequently,  much  research  is  being 
devoted  to  reducing  these  limitations.  The  last  few  years  have 
seen  a  shift  in  emphasis  from  multimode  to  single  mode  fiber 
development  because  of  the  much  higher  bandwidth  available  from 
the  latter.  For  a  majority  of  fiber  applications,  however, 
single  mode  technology  is  neither  required  nor  economical  ly 
viable  as  yet.  Source  and  detector  technologies  have  advanced 
in  step  with  fiber  development  in  order  to  provide  higher 
optical  launch  power,  transmitter  reliability,  narrower  source 
spectral  width,  higher  receiver  sensitivity,  and  longer 
wavelength  operation. 

Equalization  is  commonly  used  in  the  optical  receiver  to 
increase  a  system's  signalling  capacity.  Extensive  theoretical 
work  has  been  done  on  this  subject,  and  applied  to  relatively 
low  speed  systems  such  as  telephone  subscriber  links.  However, 
so  far  only  the  simplest  equalization  schemes  have  been  used 
with  high  data  rate  fiber  optic  systems.  The  most  common 
method  used  is  linear  equalization,  either  in  the  frequency  or 
the  time  domain.  Recently,  decision  feedback  equalization  (DFE) 
(in  which  a  pulse's  postcursor  intersymbol  interference  ( I  SI) 
terms  are  cancel  led  by  feedback  based  on  the  pulse  s  decoded 
value)  has  been  applied  to  binary  optical  systems  [18,19].  To 
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the  author's  knowledge,  more  sophisticated  equalization 
approaches  than  this  have  not  been  applied  to  fiber  systems. 

Another  method  of  increasing  the  attainable  data  rate  over 
a  channel  is  to  adopt  a  signalling  method  which  realizes  more 
of  the  channel's  ultimate  capacity.  One  way  of  accomplishing 
this  is  to  trade  optical  power  for  an  increased  bit  rate  per 
available  channel  bandwidth,  through  the  use  of  multilevel 
signalling.  Although  experimental  multilevel  pulse  amplitude 
modulated  (PAM)  systems  have  been  tested,  they  have  not  yet 
been  used  much  in  actual  service.  However,  the  potential  of 
multilevel  signals  is  well  recognized,  as  will  be  shown  in 
Chapter  2  [20,21,22].  The  problem  with  multilevel  signals  is 
that  any  ISI  that  occurs  has  a  more  detrimental  effect  on  the 
system's  performance  than  upon  that  of  a  binary  system. 
However,  equalization  techniques  that  can  be  applied  to  binary 
systems  are  useful  for  multilevel  systems  as  well. 

1.2  Thesis  Objectives 

DFE  and  multilevel  signalling  have  each  been  studied 
fairly  extensively.  To  the  author's  knowledge,  however,  they 
have  not  yet  been  applied  together  to  a  dispersive  fiber  optic 
link  in  order  to  realize  more  of  the  channel's  capacity,  as 
compared  to  conventional  binary  signalling.  Consequently,  this 
thesis  has  the  following  objectives  in  mind: 

1.  To  qualitatively  show  the  increase  in  signalling 
capacity  obtainable  on  a  dispersion  limited  optical  fiber  link 
with  multilevel  PAM  signals,  in  contrast  to  binary  signals. 
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2.  To  design  a  multilevel  PAM  system  for  an  experimental 
dispersive  fiber  channel.  This  system  will  include  the 
following: 

a)  adjustable  signal  levels 

b)  adjustable  receiver  thresholds 

c)  adjustable  one-tap  DFE 

3.  To  obtain  the  noise  levels  and  pulse  shapes  from  the 
experimental  system.  The  pulse  shapes  will  be  measured  at 
various  data  rates,  and  the  thermal  and  shot  noise  values  will 
be  compared  to  the  expected  values  derived  from  the  receiver 
design. 

4.  To  develop  an  accurate  system  model  based  on  the 
experimental  measurements  of  the  noise  and  pulse  shapes. 
Optimum  signal  levels  and  receiver  thresholds  are  to  be 
determined  for  this  model.  The  theoretical  error  rate  versus 
power  characteristics  for  this  model  will  be  found  for  the 
cases  of  complete  equalization,  DFE,  and  no  equalization.  The 
resulting  error  behavior  will  include  shot  noise,  ISI  effects, 
and  DFE  error  propagation  effects  (caused  by  erroneous 
equalization  when  a  reception  error  is  made),  and  should 
accurately  represent  the  experimental  system  behavior. 

5.  To  compare  the  theoretical  results  with  actual  system 
results  and  to  demonstrate  the  improvement  offered  by  the 
application  of  multilevel  signalling  and  DFE. 
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1.3  Thesis  Organization 


The  remainder  of  this  chapter  is  a  brief  introduction  to 
general  optical  digital  communication  systems.  Chapter  2  is 
concerned  with  the  theoretical  and  practical  advantages  of 
multilevel  signalling  in  conjunction  with  PAM  systems.  In 
order  to  present  the  practical  advantages  offered  in  an 
unbiased  manner,  a  brief  summary  of  fiber  optic  technology  that 
is  presently  viable  is  included.  This  summary  is  useful  in 
determining  the  repeater  -  spacing  dispersion  and  attenuation 
limits,  as  a  function  of  the  bit  rate,  for  multimode  fiber 
systems.  These  limitations  are  derived  assuming  that  DFE  is  to 
be  used.  This  choice  is  justified  in  Chapter  3,  where  some  of 
the  background  theory  concerning  equalization  and  the  closely 
related  topic  of  signal  filtering  is  covered  . 

Chapter  4  is  concerned  with  the  experimental  four  level 
system  design,  with  flexibility  being  the  paramount 
consideration.  Emphasis  is  placed  on  the  receiver  preamplifier 
design  because  of  its  fundamental  effect  on  overall  system 
performance.  The  equalizer  design  is  comparatively 
straightforward  and,  although  only  a  single-tap  equalizer  is 
used,  the  design  can  be  extended  to  include  multiple  taps. 

The  quality  of  a  communication  system  is  partially 
indicated  by  its  bit  error  rate  (BER).  In  Chapter  5,  theory  and 
computer  programs  are  developed  for  character iz i ng  and 
optimizing  a  multilevel  PAM  system  with  regard  to  its  error 
behavior.  These  programs  determine  the  theoretical  received 
optical  power  requirements  as  a  function  of  the  desired  error 


rate  for  various  pulse  shapes  and  noise  levels.  In  doing  so, 
optimum  values  for  various  system  parameters  are  calculated. 
The  programs  also  include  the  possibility  of  complete 
equalization  as  well  as  partial  ISI  cancellation  through  one  or 
more  tap  DFE.  Application  of  the  programs  to  the  experimental 
system  is  described  in  Chapter  6. 

Chapter  6  also  reports  the  performance  of  the  designed 
system.  System  parameters  are  adjusted  in  order  to  minimize 
the  error  rate  for  various  optical  levels  and  bit  rates  for  the 
cases  of  no  equal ization  and  single-tap  DFE.  Measurement  of 
the  preamplifier  transimpedance  and  thermal  noise,  along  with 
shot  noise  values,  allows  the  system  to  be  analyzed  by  the 
program  developed  in  Chap.  5.  These  analytic  results  agree 
closely  with  the  experimental  results  obtained,  thus  supporting 
the  analytical  methods  used.  The  experimental  results 
demonstrate  that,  through  the  use  of  a  4  level  signal  and  DFE, 
a  significant  increase  in  the  data  handing  capacity  of  the 
fiber  link  is  obtained.  In  Chapter  7,  the  concluding  chapter, 
recommendations  are  given  for  the  investigation  of  problems 
with  multilevel  PAM  signalling  and  DFE  with  regard  to  potential 
practical  payoffs. 
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1.4  The  6enera1  Optical  Digital  Communication  Link 


Figure  1.1  depicts  an  optical  communication  link  for 
digital  data  transmission.  The  following  sections  briefly 
describe  the  purpose  of  each  of  the  stages  in  the  link. 


Data  Optical 


To  the 
Receiver 


TRANSMITTER 


RECEIVER 


Fig.  1.1  Block  Diagram  of  a  digital  optical  communication  link. 
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1.4.1  The  Data  Encoder 


The  encoder  converts  the  outgoing  data  into  a  form  more 
suitable  for  transmission  over  the  desired  channel.  It  usually 
includes  some  of  the  following  functions: 

a)  Block  or  convolutional  coding 

b)  Bit  formatting 

c)  Bit  coding 

If  a  sequence  of  N  data  bits  is  transmitted  without 
coding,  and  the  probability  of  error  per  bit  is  p,  then  the 
probability  of  erroneous  reception  of  one  or  more  bits  in  the 
data  stream,  Pe,  is  given  by  [23]: 

pe  -  1  -  d-P)N 

As  an  example,  if  p  =  10~5  and  N  =  100,  then  Pe  =  10"3  . 
This  error  accumulation  effect  is  eliminated  through  block  or 
convolutional  codes  [23,24].  These  codes  add  redundancy  to  the 
data,  which  increases  the  effective  distance  between  individual 
code  words.  If  the  data  rate  is  less  than  an  appropriate  bound 
[23]  (which  will  be  given  in  Chapter  2  for  binary  and 
multilevel  signals)  then,  with  appropriate  coding,  the  error 
rate  can  be  made  arbitrarily  small. 

Block  codes  are  a  set  of  fixed  length  vectors  (code 
words).  Upon  reception  of  a  block  of  K  data  bits  the  coder 
produces  an  appropriate  N  bit  output,  where  N  is  greater  than  K, 
by  means  of  a  look-up  table  or  equivalent.  An  example  of  a 
K=2,  N=4  linear  binary  block  code  is  shown  in  Table  1.1: 


- 
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Input  Data 

Output  Data 

00 

1100 

01 

1001 

10 

0110 

11 

0011 

Table  1.1  A  linear  K=2,  N=4  binary  block  code. 

Convolutional  codes  are  generated  by  passing  the  data 
through  a  finite  length  shift  register.  The  output  data  is 
obtained  from  algebraic  combinations  of  the  shift  register 
data. 

Both  block  and  convolutional  codes,  in  addition  to  adding 
redundancy,  can  add  the  capability  to  detect  and  possibly 
correct  errors  upon  reception.  Examples  of  binary  block  codes 
are  Hamming,  Golay,  Hadamard,  and  Bose-Chaudhuri-Hocquenghem 
(BCH)  codes.  Nonbinary  block  and  convolutional  codes  exist  as 
well,  an  example  being  Reed-Solomon  block  codes. 

Without  proper  bit  formatting,  two  phenomena  may  occur  due 
to  poor  data  statistics: 

1.  In  AC  coupled  systems,  significant  DC  shifting  may 
occur,  causing  an  increase  in  the  error  rate  for  threshold 
crossing  detectors. 

2.  In  the  reception  of  a  data  stream  with  few  transitions 
from  one  level  to  another,  timing  information  is  lost  and  thus 
stable  timing  recovery  becomes  more  difficult. 

Three  commonly  used  binary  data  formats  are;  return  to 
zero  (RZ),  non-return  to  zero  (NRZ) ,  and  Manchester  or  split- 
phase  coding.  Figure  1.2  illustrates  each  of  these 
formats.  [25] 
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Figurel.2  Three  common  signal  formats  for  the 
binary  data  stream  "10010". 


a)  Return  to  zero  format 

b)  Non  -  return  to  zero  format 

c)  Manchester  format 


The  NRZ  format  has  the  disadvantages  of  possible  DC  drift 
and  loss  of  timing  information.  The  RZ  format  ensures  timing 
information,  but  still  may  have  DC  drift.  Furthermore,  it 
requires  three  levels  and  twice  the  bandwidth  of  the  NRZ 
format.  Manchester  encoding  overcomes  both  problems  with  a  two 
level  code,  but  again  with  a  penalty  in  bandwidth  requirements. 
Several  other  bit  formats,  such  as  alternate  mark  inversion, 
exist  as  well,  with  associated  penalties. 

Instead  of  converting  from  one  bit  format  (usually  NRZ)  to 
another,  a  common  practice  is  to  scramble  the  data  in  a  known 
fashion  so  that  a  certain  amount  of  signal  randomness  is 
assured.  Data  scrambling  results  in  no  bandwidth  or  power 
penalty,  and  may  be  implemented  in  the  block  (or  convolution) 
coder.  In  other  words,  proper  block  coding  may  ensure  enough 
signal  randomness  so  that  a  simple  NRZ  bit  stream  may  be 
adequate  for  the  particular  system. 

Bit  coding  may  also  be  required  in  a  system.  In 
multilevel  signalling,  binary  data  is  converted  to  multilevel 
data.  Three  level  data  is  usually  used,  not  to  increase  the 
bit  rate  for  the  given  baud  (symbol)  rate,  but  to  provide 
better  data  statistics,  as  discussed  above.  Other  than  this, 
most  multilevel  PAM  systems  use  four  or  eight  levels.  Bit 
coding  may  also  be  used  when  signalling  over  dispersive 
channels,  in  order  to  help  compensate  for  I  SI  -  One  such  system 
involves  duobinary  signals,  which  will  be  discussed  in 
Chapter  3.  [26] 
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1.4.2  The  Signal  Filter 


A  signal  filter  may  be  used  to  shape  and  band-limit  the 
signal  before  transmission  in  order  to  compensate  for  channel 
imperfections.  Normally,  it  is  designed  for  a  particular 
channel,  along  with  the  receiver  filter  and,  if  present,  the 
equalizer.  Two  different  criteria  for  designing  these  filters 
are: 

a)  maximizing  the  received  signal  to  noise  ratio  (SNR) 

b)  reducing  the  effects  of  ISI 
Filtering  is  discussed  in  Chapter  3. 

1.4.3  The  Driver  and  Source 

Conversion  of  an  electrical  signal  to  an  optical  signal 
occurs  at  the  source.  In  fiber  optic  systems,  the  source 
is  normally  either  a  laser  diode  (LD)  or  a  light  emitting  diode 
(LED).  Performance  of  present  LDs  and  LEDs  is  reviewed  in 
Chapter  2. 

The  source  obtains  its  power  from  the  driver  circuit.  For 
optical  sources,  the  driver  usual ly  consists  of  a  medium  to 
high  power,  low  output  impedance  transistor  array.  LED  drivers 
are  relatively  simple  in  comparison  to  LD  drivers.  Due  to  the 
thermal  instability  and  degradation  factors  inherent  inmost 
LDs,  stabilization  of  their  optical  output  power  must  be 
provided  by  the  driver  circuitry.  Also,  LDs  have  a  required 
threshold  current  before  lasing  starts;  this  threshold  must  be 
considered  in  the  driver  design. 
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The  designs  of  the  stages  in  the  transmitter  are 
interrel ated.  Obviously,  the  driver  and  source  should  match 
each  other  and  the  intended  channel;  less  obvious  is  the  effect 
of  the  source  and  channel  on  the  data  formatting,  coding,  and 
signal  shape.  As  an  example,  for  many  sources,  the  maximum 
average  power  may  be  much  lower  than  the  maximum  peak  power, 
which  implies  that  pulses  shorter  than  the  thermal  time 
constant  of  the  device  are  required  for  efficient  use  of  the 
source.  This  requirement  affects  the  signal  shape  and  duty 
cycle,  which  in  turn  affects  the  proper  filter  and  (if  used) 
equalizer  designs  for  the  system. 

1.4.4  The  Detector  and  Preamplifier 

The  detector  changes  the  optical  power  back  into  an 
electrical  signal.  For  optical  communication  systems  it  is 
normally  either  a  PIN  (P-type,  Intrinsic,  N-type  semiconductor 
sandwich)  diode,  avalanche  photo-diode  ( A  P  D ) ,  or 
phototransistor. 

A  preamplifier  is  needed  when  the  received  signal  level  is 
very  low  and  hence  requires  level  boosting  with  little  noise 
penalty.  To  this  end,  preampl if iers  are  usually  designed  for  a 
specified  channel  and  detector.  In  optical  receivers,  from 
noise  considerations,  a  silicon  APD  detector  -  bipolar 
transistor  preamplifier  typically  has  a  superior  performance 
compared  to  a  PIN  diode  detector  -  field  effect  transistor 
(FET)  preamplifier  combination  at  short  (0.83  urn)  wavelengths. 
At  longer  wavelengths  (1.3,  1.5  urn),  however,  silicon  detectors 
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are  unusable,  and  other  semiconductors  such  as  Ge  and  InGaAs(P) 
must  be  used.  A  detailed  discussion  of  optical  detectors  and 
preampl if iers  is  left  to  Chapter  4. 

1.4.5  The  Receiver  Filter 

As  the  bandwidth  of  a  circuit  is  increased,  its  noise 
level  also  increases.  Thus,  receivers  incorporate  a  filter  to 
limit  their  bandwidth  (with  regard  to  the  required  signal 
bandwidth)  and  hence  the  noise.  In  some  cases,  enough 
filtering  may  be  provided  in  the  preamplifier  through  proper 
pole  and  zero  placement  in  the  preamplifier  design.  In  other 
cases,  more  elaborate  filtering  is  required  to  maximize  the  SNR 
as  much  as  practicable.  From  noise  considerations,  the  optimum 
filter  is  the  matched  filter.  However,  a  matched  filter,  if 
realizable,  requires  an  exact  knowledge  of  the  incoming  signal 
characteristics;  often,  this  information  is  not  known.  A  more 
detailed  consideration  of  the  receiver  filter  design  is  left  to 
Chapter  3. 

1.4.6  The  Main  Amplifier 

The  preamplifier  provides  signal  boosting  with  as  low  a 
noise  penalty  as  is  practicable.  In  the  main  amplifier  design, 
control  of  signal  distortion  is  more  important  than 
minimization  of  noise.  It  is  usually  assumed  that  enough  gain 
has  been  provided  by  the  preamplifier  (if  present),  such  that 
the  main  amplifier  noise  is  negligible  compared  to  the  input 
signal  and  noise  levels.  Whereas  a  preamplifier  is  usually 
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designed  for  a  particular  application,  the  main  amplifier  can 
normally  be  used  for  a  much  broader  range  of  systems.  Optical 
receiver  amplifiers  often  incorporate  automatic  gain  control  to 
provide  increased  dynamic  range. 

1.4.7  Automatic  6ain  Control 

In  systems  where  the  incoming  signal  level  is  not 
precisely  known,  automatic  gain  control  (AGC)  may  be  required. 
The  gains  of  the  amplifiers  (and  possibly  the  APD,  if  used,  in 
an  optical  system)  are  adjusted  to  provide  a  constant  output 
level.  The  AGC  circuit  includes  a  peak  detector,  comparator, 
and  error  amplifier.  Through  the  use  of  AGC,  receivers  with  a 
dynamic  range  of  40  dB  or  better  have  been  realized  [77]. 

1.4.8  Timing  Recovery 

In  all  but  the  simplest  digital  systems,  timing  recovery 
is  required  to  provide  a  clock  for  the  decoder  and  possibly  the 
equalizer.  Usually,  timing  information  is  derived  from  the 
data  by  means  of  very  high-Q  filters,  phase-locked  loops,  or 
surface  acoust i c-wave  devices.  Timing  recovery  is  a  major 
consideration  in  system  design,  but  is  beyond  the  scope  of  this 
thesis.  The  experimental  link  outlined  in  Chapter  4. uses  a 
delayed  transmitter  clock  signal  as  the  receiver  clock. 

1.4.9  Equalization 

In  systems  where  the  baud  (symbol)  rate  approaches  the 
channel's  Nyquist  rate,  significant  ISI  occurs.  Proper 
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transmitter  and  receiver  filtering  can  help  minimize  this  I  SI  • 
Complete  elimination  of  ISI  through  filtering  usually  requires 
complicated  and  precise  filters,  as  well  as  an  exact  knowledge 
of  the  channel  characteristics.  Often,  the  required  filters 
are  not  physically  realizable.  Thus,  for  many  systems,  enough 
ISI  stil  1  occurs  that  additional  compensation  measures  are 
required.  This  compensation  for  ISI  is  termed  equalization. 
Because  of  the  importance  of  this  topic  to  the  thesis,  it  is 
covered  in  Chapter  3. 

1.4.10  The  Decoder 

The  decoder  attempts  to  reconstruct  the  original  data  from 
the  signal  with  as  few  errors  as  possible,  and  acts  upon  a 
signal  which  has  been  distorted  and  corrupted  by  noise.  It 
usually  involves  some  sort  of  decision  making.  In  digital  PAM 
systems  these  decisions  are  based  on  threshold  detection,  with 
the  thresholds  chosen  to  minimize  the  probability  of  error  in 
decoding . 

Besides  decoding  the  received  signal,  the  decoder  may 
have  the  additional  functions  of  error  detection  and 
monitoring.  These  functions  are  provided  by  the  signal  code 
and  format  -  any  violation  of  the  coding  rules  upon  reception 
indicates  an  error,  and  appropriate  action  can  be  taken. 

The  communication  system  discussed  here  is  a  typical  model 
biased  in  design  towards  PAM  systems.  Specific  aspects  of  this 
system  will  be  considered  in  greater  detail  where  they  are 
germane  to  the  thesis  objectives. 
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CHAPTER  2.  MULTILEVEL  VERSES  BINARY  SIGNALLING 


To  appreciate  the  goals  of  the  work  presented  in  this 
thesis,  it  is  important  to  understand  the  relative  advantages 
and  disadvantages  of  multilevel  signalling  compared  to  binary 
signalling.  In  certain  situations,  significant  gains,  in  terms 
of  the  maximum  data  rate  for  a  channel,  may  be  achieved  by 
adopting  a  multilevel  transmission  scheme;  in  other  situations, 
multilevel  signalling  may  offer  no  economic  or  practical 
advantages . 

To  clarify  these  situations,  some  fundamental 
communication  theory  is  presented.  Based  on  the  results  of 
this  theory,  the  latter  part  of  this  chapter  then  indicates 
when  it  may  be  advantageous  to  use  multilevel  signal  ling  in  the 
light  of  present  fiber  optic  technology. 

2.1  Signal  Capacities  for  Coded  Signals 

The  reason  for  using  multilevel  signals  is  to  increase  the 
information  handling  capacity  of  a  communication  link.  A  brief 
study  of  maximum  permissible  data  rates  for  a  given  channel  and 
signalling  method  is  needed  to  determine  when  the  use  of 
multilevel  signals  is  justifiable.  No  attempt  is  made  here  to 
prove  the  stated  results;  proofs  can  be  found  in  the  references 
and  tend  to  be  tedious. 

Wozencraft  and  Jacobs  [23]  cover  the  background 
communication  theory  pertaining  to  data  rate  limitations. 
This  theory  applies  to  a  channel  with  a  finite  bandwidth 


18 


' 


(denoted  by  W,  and  for  optical  fiber  systems,  includes  both  the 
fiber  bandwidth  and  the  receiver  bandwidth)  and  additive  white 
gauss i an  noise  (AWGN).  Such  a  channel  does  not  possess  shot 
noise,  which  can  have  a  larger  variance  than  the  background 
thermal  noise  in  optical  systems.  Consequently,  their  results 
are  presented  here  with  appropriate  extensions  made  to  include 
the  possibility  of  shot  noise. 

2.1.1  Dimensionality  Theorem 

The  dimensionality  theorem  is  based  on  theorems  due  to 
Shannon,  Landau,  and  Poliak,  with  further  work  by  Dollard. 

Let  the  set  of  orthogonal  waveforms  that  can  be 

transmitted  over  the  channel  be  designated  {  ( ^ )  J  - 

Furthermore,  limit  each  of  these  waveforms  to: 

a)  duration  T 

b)  have  no  more  than  Jj  of  its  energy  outside  the 

frequency  interval  (-W,W).  (  Different  bandwidth 

definitions  result  in  different  values  for  Tj  .  ) 

Then,  the  number  of  orthogonal  waveforms,  or  dimensions, 
denoted  by  N,  that  can  be  accommodated  by  the  channel  is 
bounded  by  2TW/(l-7y). 

2.1.2  Basic  System  Definitions 

1.  T,  W,  and  Tj  are  defined  in  the  dimensionality  theorem. 

2.  D  is  the  number  of  dimensions  per  second: 

D=N/T  ,  D<2W/(l-77 ) 
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3.  Let  the  system  data  rate,  in  bits  per  second,  be 
R.  This  data  rate  can  be  defined  in  bits  per  dimension,  R  hv 
the  formula  Rn=R/D.  Defining  the  data  rate  in  this  manner 
allows  comparison  between  different  signal  formats  with  regard 
to  their  potential  ability  in  channel  utilization. 

4.  The  maximum  signal  energy  per  dimension  is  E^. 

5.  The  double-sided  power  spectral  density  and  variance  of 
the  white  noise  is  No/2. 

6.  The  signal  to  noise  ratio  is  E  /N 

n  o ' 

7.  The  set  {(/^(t)}  is  the  set  of  orthonormal  waveforms 
used  by  the  transmitter.  An  example,  for  T=2  and  N=2, 
would  be 

W  u(t)-u(t-l) 

<P2=  u(t-l)-u(t-2) 
where  u(t)  is  the  step  function. 

8.  M  is  the  total  number  of  messages  in  the  system.  For 

example,  if  our  information  is  either  a  binary  0  or  1 

with  no  further  coding,  then  M  =  2 .  If  we  group  the 

0 

binary  data  into  8  bit  words,  then  M=2  ,  or  256. 

2.1.3  Information  Coding 

Chapter  1  mentioned  some  of  the  functions  that  may  be 
performed  by  the  transmitter  encoder.  Whatever  the  type  of 
coding  used  to  perform  these  functions,  each  possible  message, 
M.j,  is  encoded  by  the  transmitter  into  a  signal  S^,  which  is 
eventually  received  and  decoded.  Thus,  the  { S ^ }  has  M  members. 
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each  of  which  can  be  written  in  terms  of  the  N  orthogonal 

waveforms  used  by  the  transmitter: 

N 

Si(t)  =  Z-bij(t)  for  i=1  to  M* 
j=l 

With  binary  antipodal  signalling,  the  b^  are  -  • yj (Ej.  Also, 

M  <  2n.  For  antipodal  multilevel  signals  with  A  levels  (A=2 

being  the  binary  case),  we  define  the  b..  to  lie  between 
_  _  ^  J 

-  (En)  and  +  (En)-  For  example,  a  system  with  four  equally 

spaced  antipodal  levels  would  have  b..  .*  -  (En)  0r  *  ")f[En/3). 
With  multilevel  signals,  M  <  A^. 

Examples  of  two  signal  codes  are: 

a)  Binary  antipodal  signals  (A=2)  with  M=l,  N=l: 

H1  *  "yes"  :  Sj(t)  =  -  V?(t) 

M2  -  "no"  :  S2(t)  =  -  -/(E^) 

b)  Multilevel  signals,  A=4,  M=5,  N=2: 

«i  “  "a”  :  Sjtt)  =  -  ■/{£-)  <^(t)  +  <P2(t) 

«2  =  “b"  :  S2(t)  =  -  -/(EJ  ^i(t)  -  V(En/3)  <^2(t) 

M3  =  "c"  :  S3(t)  =  ♦  V(En/3)  ^(t)  -  </?2(t) 

«4  =  "d"  :  S4(t)  =  *  V(£n /3>  ^l(t)  ♦  V^tt) 

M5  =  "e"  :  S5(t)  =  -  ^i(t)  '  V<En/3>  ^2(t) 

In  general,  there  are  many  possible  codes  for  a  specified 
code  format;  the  format  for  example  b)  being  A=4,  M=5,  and  N=2. 
Thus,  when  a  code  format  is  analyzed,  this  is  done  over  the 
ensemble  of  possible  codes  following  that  format.  When  stating 
the  probability  of  error  for  a  code  format,  it  is  important  to 
remember  that  it  is  an  average;  some  codes  will  be  superior  and 


some  worse. 


•3 


, 


mi  II  '  .I "  j  |  i  ■ 


. 


2.1.4  Comparison  of  Code  Fonnats 


In  this  section,  the  theoretical  error  performance  and 
signalling  capacity  of  different  code  formats  will  be  given, 
with  the  number  of  levels,  A,  being  the  variate.  Wozencraft 
and  Jacobs  demonstrated  that,  for  AWGN,  the  average  probability 
of  error  for  the  ensemble  of  codes  following  a  specific  format 
is  given  by 


Pe  <  2 


-N<Ro-Kn> 


(2.1) 


where  RQ  is  the  exponential  bound  parameter  for  that  format, 
and  Rn  is  the  data  rate.  For  binary  antipodal  signals  RQ  is: 

R0  =  l-log2[>exp(-En/N0)]  (2.2) 

For  antipodal  multilevel  signals  having  A  equidistant, 
equiprobable  levels  (which  is  a  non-optimum  situation,  even 
for  an  AWGN  channel).  Rq  is: 


Ro  ”  - 


log2[(l/A2)^  f  exp(-d^h/4N0)] 


th 


(2.3) 
th 


The  parameter  d^  is  the  distance  between  the  1  and  h 
levels.  The  situation  corresponding  to  this  expression  is  non¬ 
optimum  because  the  probability  of  making  an  error,  given  the 
signal  is  either  the  maximum  or  minimum  level, is  half  the 
probability  of  making  an  error  for  the  other  intermediate 
levels . 


From  expression  2.1,  if  the  data  rate,  Rn,  is  less  than 
the  exponential  bound  R  ,  the  average  probability  of  error  can 
be  made  arbitrarily  small  for  sufficiently  large  N.  Tighter 
upper  bounds  than  this  have  been  derived,  and  consequently 
operation  above  the  rate  RQ  may  be  possible.  However,  it  can 
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be  construed,  for  purposes  of  this  discussion,  to  be  an 
ultimate  bound. 

Equations  2.2  and  2.3  are  for  antipodal  signals  which  lie 
between  -  In  optical  systems,  however,  the  signal  levels 

are  constrained  to  be  one-sided.  Extension  of  these  equations 
to  one-sided  signalling  can  be  done  by  shifting  the  signal 
levels  so  that  they  lie  between  0  and  +2  Vh-  The  associated 
distances  between  levels  do  not  change  with  this  translation. 
However,  the  maximum  energy  per  dimension  has  increased  from  En 
to  4Ep.  This  increase  can  be  accounted  for  by  inclusion  of  a  6 
dB  penalty  when  plotting  Rq  against  En/NQ. 

The  R0  given  by  equations  2.2  and  2.3  can  be  compared  to 
the  ultimate  channel  capacity,  which  will  be  denoted  by  C 
derived  by  Shannon  [23].  Under  the  restriction  of  antipodal 
signalling  with  each  signal  having  its  maximum  energy  being  N 
times  En»  this  ultimate  capacity  (again  for  an  AWGN  channel), 
regardless  of  the  coding  scheme,  is: 

C0  =  0.51og2(l  ♦  2En/N0)  (2.4a) 

Extension  of  this  result  to  one-sided  signalling  by  including 
the  associated  6  dB  penalty  produces: 

C0  =  0.51og2(l  *  En/(2N0))  (2-"b) 

If  the  number  of  equally  likely  messages,  M,  is  large, 

then: 

1.  If  Rn  >  CQ,  the  probability  of  error  is  close  to  unity 
for  every  set  of  M  transmitter  signals. 
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2.  If  Rn  <  CQ,  and  optimum  receivers  are  used,  there 
exists  a  set  of  signals  such  that  the  probability  of 
error  can  be  made  arbitrarily  small. 

Figure  2.1  depicts  CQ  and  various  RQ  (for  different  number 
of  signal  levels)  as  a  function  of  the  maximum  SNR  per 
dimension.  From  this  figure,  the  signal  capacity  of  a  binary 
system  is  less  than  that  of  a  ternary  system  at  a  SNR  of  -12.0 
dB  or  higher.  In  this  region,  the  binary  signalling  capacity 
is  "saturated".  Below  this  region,  it  appears  that  multilevel 
signals  are  inferior  to  binary  signals.  This  is  true  only  for 
the  case  of  multilevel  signals  incorporating  equally  probable, 
equidistant  levels.  By  optimizing  the  probability  of  each 
level,  multilevel  signals  can  be  optimized.  Then,  in  no 
situation  are  they  theoretically  inferior  to  binary  signalling. 
Of  course,  for  low  SNR's,  the  multilevel  signals  degenerate 
into  binary  signals.  Graphically,  inclusion  of  optimum  level 
probabilities  would  result  in  the  multilevel  capacity  curves 
shifting  to  the  left  and  merging  with  the  binary  curve  at  low 
SNRs . 

The  results  thus  far  are  for  systems  having  no  shot  noise. 
Optical  systems,  however,  usually  possess  significant  shot 
noise  and  thus  have  signal  dependent  noise  variances.  The 
overall  noise  variances  for  multilevel  signals  can  be 
approximated  by  equation  2.5: 


(2.5) 


.  i 
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Co,  Ro  (Bits  per  Dimension) 
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Fig.  2.1  Channel  Capacity 

for  Additive  White  Noise 
and  for  A-Level  PAM  Signalling 
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In  this  equation, 

0"i  is  the  noise  variance  at  the  i^  signal  level, 

O’q  1S  the  noise  variance  in  the  absence  of  optical  power 
(primarily  due  to  thermal  noise), 

£  is  a  shot  noise  parameter,  and 
b.j  is  the  ith  signal  level. 

The  derivation  of  (2.5)  is  left  to  Chapter  4  where  the 
experimental  preamplifier  design  is  discussed.  The  equation 
shows  that  as  the  signal  level  is  increased,  the  noise  level 
also  is  increased.  Obviously,  this  effect  is  detrimental  to 
multilevel  signalling  and  should  be  included  in  derivation  of 
the  signalling  capacities.  Finding  comparable  expressions  to 
equations  2.3  and  2.4,  however,  is  no  simple  task  and  well 
beyond  the  scope  of  this  thesis.  However,  a  point  by  point 
extension  of  equations  2.2  and  2.3  in  order  to  include  shot 
noise  is  fairly  straightforward  and  is  considered  in 
Appendix  A. 

Chapter  6  includes  measurements  of  the  experimental 
preamplifier  noise  levels  at  various  signal  levels. 
Substitution  of  these  results  into  equation  2.5  yields 

<J.2  =  (0.5  mV)2  ♦  70  uVbi  (2.6) 

where  CTj  and  b^  are  in  volts.  Figure  2.2  depicts  the  signal 
capacities  equivalent  to  RQ  and  CQ  for  the  noise  defined  by 
Eqn.  2.6.  These  capacities  are  designated  by  R$  and  C$  in 
order  to  distinguish  them  from  the  RQ  and  C0  given  for  the  case 
of  no  shot  noise  (Figure  2.1). 
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Cs,  Rs  (Bits  per  Dimension) 


Fig.  2.2  Channel  Capacity 

for  Additive  White  &  Shot  Noise 
as  defined  by  Equation  2.6 
and  for  A-Level  PAM  Signalling 


A  comparison  of  Figures  2.1  and  2.2  indicates  that  the 
A  -  level  capacity  curves  for  the  cases  of  shot  noise  and  no 
shot  noise  are  identical  except  at  the  knees  of  the  curves.  As 
the  shot  noise  increases,  the  knees  become  rounder,  and  the 
correspond i ng  signal  capacities  at  the  knees  are  reduced 
slightly.  For  the  shot  noise  parameter  £=70  uV,  the  tradeoff 
point  between  binary  signalling  and  ternary  level  signalling  is 
at  a  SNR  figure  of  approximately  13  dB,  as  opposed  to  the  12  dB 
figure  for  the  case  of  no  shot  noise. 

The  similarity  between  Figures  2.1  and  2.2  indicates  that, 
for  typical  values  of  shot  noise,  the  earlier  comparisons 
between  binary  signalling  and  multilevel  signalling  based  on 
Figure  2.1  still  apply. 

Figures  2.1  and  2.2  also  indicate  that  the  achievable 
signalling  capacity  with  multilevel  signals  is  close  to  the 
ultimate  channel  capacity.  However,  doubling  the  number  of 
levels  has  less  and  less  payoff  as  the  number  of  levels 
increases.  Because  of  this,  economic  considerations  dictate 
that  it  is  seldom  worthwhile  to  go  above  8  or  16  levels. 

Often  in  the  literature,  a  comparison  is  made  between 
binary  signalling  with  equalization  and  multilevel  signalling 
as  methods  to  increase  a  system's  attainable  bit  rate.  Salz 
[27]  considered  optimum  (in  the  mean  -  squared  sense)  DFE  for 
both  binary  and  multilevel  signals.  Having  derived  the  form  of 
this  equalizer,  he  then  addressed  the  problem  of  signalling  at 
faster  than  the  channel's  Nyquist  baud  rate  by  employing  DFE 
and  multilevel  signalling.  Specifically,  the  possible 
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advantages  of  decreasing  the  number  of  signal  levels  (to  a 
minimum  of  two  for  binary  signalling)  while  increasing  the 
signal  baud  rate  in  order  to  keep  the  data  rate  constant  were 
investigated.  Salz  concluded  that,  for  channels  of  practical 
interest,  if  the  signal  baud  rate  was  increased  above  the 
channel's  Nyquist  rate,  while  the  number  of  signal  levels  was 
decreased,  the  mean-squared-error  (MSE)  was  increased. 

Hence,  from  a  MSE  criterion,  and  for  most  practical 
channels,  when  the  information  rate  is  higher  than  the 
channel's  Nyquist  baud  rate,  multilevel  signalling  at  the 
Nyquist  baud  rate  with  some  equalization  is  superior  to  binary 
signalling  above  the  Nyquist  rate  with  more  extensive 
equal ization. 

In  contrast  to  this  result  are  the  conclusions  made  by 
Kasper  [28].  Kasper's  work  indicates  that,  for  multimode 
optical  channels,  the  use  of  DFE  in  conjunction  with  binary 
signalling  results  in  better  system  performance  as  compared  to 
multilevel  signalling  at  the  same  bit  rate.  For  example, 
suppose  we  had  a  binary  system  capable  of  operating  at  half  the 
Nyquist  rate,  but  no  higher,  with  negligible  I  SI .  Neglecting 
shot  noise,  doubling  the  bit  rate  of  this  system  and  using 
ideal  equalization  would  result  in  a  3  dB  penalty.  Doubling 
the  bit  rate  by  adopting  a  4  level  system  would  result  in  a  4.8 
dB  penalty  in  signal  power  (assuming  the  receiver  sensitivity 
does  not  change)  [28].  By  this  comparison,  multilevel 
signalling  is  not  as  good  as  binary  signalling  with  ideal 
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equalization.  However,  this  is  a  misleading  and  incomplete 
comparison,  as  will  be  shown: 

1.  The  transmitter  rate  is  given  by  R=Rn*D.  With 
equalization,  R  is  increased  by  increasing  D.  With  multilevel 
signalling,  R  is  increased  by  increasing  Rn.  The  basic 
difference  is  that  multilevel  signals  take  advantage  of  unused 
channel  capacity,  while  equalization  tries  to  compensate  for 
channel  restrictions. 

2.  If  D  can  be  increased  by  equalization,  it  can  be 
increased  for  both  binary  and  multilevel  systems.  A  multilevel 
system  can  be  equalized  in  the  same  way  a  binary  system  can. 
This  possibility  was  not  considered  by  Kasper. 

3.  There  is  a  limit  to  the  amount  of  equalization 
possible;  if  information  is  lost  due  to  channel  limitations,  it 
is  impossible  to  regenerate  that  information.  This  is 
reflected  by  the  sharp  increase  in  the  equalization  power 
penalty  as  the  bit  rate  is  increased.  Linear  equalization  must 
compensate  for  the  channel  limitations  in  the  presence  of 
noise,  and  has  inherent  noise  enhancement.  This  is  especially 
true  for  channels  having  severe  frequency  attenuation 
characteristics  or  amplitude  nulls  in  their  time-domain  impulse 
responses  [18,26,27,28].  Nonlinear  equalization  methods  such 
as  DFE  are  better  in  this  respect,  as  they  do  not  enhance  the 
signal  noise.  Experimental  optical  systems  employing  DFE  have 
shown  a  "doubling"  penalty  of  3.5  dB  [18].  However,  DFE  relies 
upon  correct  decisions  being  made  by  the  receiver's  decoder. 


, 


In  all  systems,  errors  are  made  occasionally.  If  the  amount  of 
feedback  required  for  DFE  is  small,  these  decision  errors  have 
little  effect  on  the  system  performance.  However,  if  a  large 
amount  of  feedback  is  necessary,  these  errors  have  a  very 
serious  effect  on  system  performance.  When  an  error  occurs,  the 
feedback  value  is  wrong  and  hence  may  cause  a  decision  error 
for  the  next  bit.  Thus,  errors  tend  to  propagate.  With 
sufficiently  large  amounts  of  feedback,  errors  may  substain 
themselves  (analogous  to  oscillation  in  an  amplifier),  and  the 
system  becomes  unusable. 

4.  If  the  baud  rate  of  a  system  is  increased  sufficiently 
to  cause  significant  I  SI ,  pulse  edges  are  rounded  and  hence 
timing  information  is  lost.  Thus,  accurate  clock  extraction 
becomes  more  difficult  to  accomplish. 

5.  The  power  penalties  mentioned  above  were  under  the 
assumption  that  all  other  system  parameters  remained  constant 
as  the  baud  rate  was  increased.  For  optical  systems,  this  is 
not  necessarily  true,  as  will  be  shown  in  the  next  section. 
For  example,  the  loss  in  receiver  sensitivity  when  the  baud 
rate  is  doubled  may  more  than  offset  the  power  penalty 
differences  between  the  two  methods. 

The  above  points  show  that  the  comparison  between 
equalization  and  multilevel  signal  ling  is  not  a  simple  one; 
many  factors  have  to  be  taken  into  account.  The  best  method  of 
increasing  the  bit  rate  in  a  dispersion- 1 imited  optical  channel 
may  involve  both  multilevel  signalling  and  equalization. 
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Determination  of  the  best  compromise  for  typical  fiber  systems 
requires  an  examination  of  the  state  of  present  fiber  optic 
technology. 

2.2  Present  Fiber  Optic  Device  Technology 

Section  2.1  defined  the  major  difference  between 
multilevel  signalling  and  equalization  as  approaches  to 
increase  a  system's  bit  rate.  Equalization  attempts  to 
compensate  for  a  channel's  bandwidth  restrictions  and,  although 
very  useful  when  applied  properly,  has  inherent  limitations. 
This  is  especially  true  for  linear  equalization  techniques,  as 
will  be  shown  in  Chapter  3. 

Multilevel  signals,  on  the  other  hand,  take  advantage  of 
more  of  the  channel's  capacity.  The  theoretical  bound  on  the 
ultimate  capacity  of  multilevel  signals  is  very  close  to 
Shannon's  bound  for  the  channel. 

In  order  to  compare  binary  and  multilevel  signalling  over 
fiber  systems,  the  state  of  optical  fiber  communications  has  to 
be  reviewed.  This  is  done  in  the  following  sections.  Although 
this  thesis  is  concerned  primarily  with  multimode  fiber 
systems,  a  summary  of  single  mode  technology  is  also  included 
here.  Knowledge  of  both  types  of  systems  and  devices  is 
essential  in  realizing  the  relative  advantages  and  limitations 
of  the  two  system  categories. 
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2.2.1  Fiber  Technology 


The  ultimate  capacity  of  a  channel  depends  on  its 
bandwidth  and  attenuation  characteristics.  For  optical  fibers, 
these  characteristics  depend  on  the  type  of  fiber, 
manufacturing  process,  and  source. 

Attenuation  in  silica  fibers  is  primarily  due  to  material 
absorption  and  scattering,  and  is  a  function  of  certain  fiber 
impurity  concentrations  as  well  as  the  operating  wavelength. 
The  bandwidth  of  fibers  is  limited  primarily  by  modal, 
material,  and  waveguide  dispersion.  For  multimode  fibers, 
waveguide  dispersion  is  negligible  in  comparison  with  the  other 
two;  in  single  mode  fibers  modal  dispersion  is  eliminated  and 
waveguide  dispersion  has  to  be  considered. 

In  multimode  fibers,  modal  dispersion  is  due  to  the 
difference  in  group  velocity  of  different  modes  propagating 
along  a  fiber.  Its  effect  is  minimized  by  the  use  of  graded 
index  fibers.  The  pulse  broadening  caused  by  this  mechanism  is 
roughly  proportional  to  the  square  root  of  the  fiber  length, 
for  fiber  lengths  of  1  km  or  more  (depending  on  the  fiber 
characteristics) . 

Material  dispersion  (also  called  chromatic  dispersion)  for 
both  single  mode  and  multimode  fibers  is  strongly  dependent  on 
the  spectral  linewidth  and  center  wavelength  of  the  optical 
source.  The  pulse  broadening  caused  by  material  dispersion  is 
proportional  to  the  fiber  length.  At  a  wavelength  of  850  nm, 
the  material  dispersion  of  silica  per  nanometer  of  spectral 
linewidth  is  typically  85  to  100  ps/km;  at  1300  nm  it  passes 
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through  zero,  and  at  1550  nm  it  is  roughly  20  ps/km  for 
conventionally  doped  silica  fibers  [14,15,26,29]. 

The  primary  causes  of  attenuation  in  silica  fibers  are 
Rayleigh  scattering,  infrared  and  ultraviolet  absorption,  and 
the  presence  of  OH  ("water")  radicals.  The  first  three  causes 
result  in  a  theoretical  wavelength  -  dependent  minimum  fiber 
attenuation.  This  attenuation  limit  is  under  5  dB/km  for 
wavelengths  between  650  nm  and  1900  nm  [16,  30], with  a  minimum 
value,  at  1550  nm,  of  approximately  0.1  dB/km  (for  single-mode 
fibers).  The  presence  of  OH  ions,  however,  causes  absorption 
peaks  at  940,  1240,  and  1380  nm  [30],  The  regions  between 
these  peaks,  along  with  the  theoretical  attenuation  minimum, 
results  in  3  low  -  loss  windows  at  the  forenamed  wavelengths  of 
850  ,  1300  ,  and  1550  nm.  Before  the  concentration  of  OH 
radicals  could  be  reduced  to  levels  obtainable  today  (10  ppb 
[14]),  the  lowest  loss  window  was  the  850  nm  one.  Systems 
operating  at  this  wavelength  are  termed  first  generation 
systems.  Reduction  of  the  OH  ion  concentration  opened  up  the 
other  two  windows;  in  fact,  it  is  low  enough  in  present  fibers 
that  the  term  "window"  is  no  longer  applicable.  Fibers  now 
have  attenuations  close  to  the  theoretical  minimum,  and  the 
850  nm  "window"  is  now  the  poorest  one  from  a  dispersion  and 
attenuation  viewpoint.  However,  source  and  detector  technology 
is  most  advanced  for  this  wavelength,  and  hence  850  nm  systems 
are  still  commercially  viable  for  many  data  communication 
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Typical  attenuation  values  of  present  850  nm  multimode 
graded  index  fibers  are  from  2  to  4  dB/km,  and  values  of  1.6 
dB/km  have  been  reported  [29,30,31].  The  material  dispersion 
per  kilometer  of  typical  good  quality  850  nm  fiber  length,  , 
is  given  by 

Tx  =  (85  ps/km) • A  A  (2.7) 

where  A\  is  the  source  "full  width  at  half  maximum  power" 
(FWHM)  linewidth  [15,26].  The  material  bandwidth-distance 
product  (BDP)  corresponding  to  this  is: 

fx  =  ln(4)/(7T.  7X)  J  o.441/Tx  (2.8) 

A  LED  with  a  30  nm  FWHM  linewidth  results  in  a  material  BDP, 
fx,  of  170  MHz-km;  a  LD  having  a  2  nm  linewidth  would  have  a 
2.6  GHz-km  material  BDP.  Values  of  3.1  GHz-km  have  been 
reported  [30]. 

Commercial  850  nm  fibers  with  a  modal  BDP,  f  of  800  to 
1000  MHz-km  have  been  produced.  The  overall  fiber  bandwidth, 
fj,  considering  both  material  and  modal  dispersion,  can  be 
approximately  predicted  by  the  following  formula  [26]: 

l/fT  -  V  L/fm2  +  (L/f x)2  (2.9) 

L  is  the  fiber  length  in  kilometers.  With  values  of  f y  =  170 
MHz-km  and  f  =  800  MHz-km,  a  10  km  fiber  would  have  a 
bandwidth  estimate  of  only  17  MHz. 

An  example  of  a  current  good  quality  850  nm  multimode 
fiber  is  Corning  Glasswork's  fiber  # 2 4 1 0 F .  This  fiber  has  a 
maximum  attenuation  of  2.4  dB/km  and  a  modal  BDP  of  670 
MHz-km  [31]. 
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Present  attenuation  values  are  around  0.6  -  0.7  dB/km  for 
1300  nm  multimode  fiber,  and  0.4  dB/km  for  1550  nm  multimode 
fiber  [14,15].  The  1300  nm  window  has  the  advantage  of  very 
low  material  dispersion.  Typically,  the  material  dispersion 
passes  through  zero  with  a  slope  of  0.1  ps/km-nm  around  this 
wavelength  [15].  For  an  optical  source  having  a  center 
wavelength  matched  to  a  conventionally  clad  fiber's  zero 
dispersion  wavelength,  the  3  dB  optical  (6  dB  electrical  upon 
reception  due  to  the  square-law  nature  of  optical  detectors) 
material  BDP  is  approximated  by  [32,33]: 

fx  =  4f0  where  fQ  =  1.61  -1012  nm2/(AXrms)2  (2.10) 
If,  however,  the  source  center  wavelength,  X  ,  is 
different  from  the  fiber  zero- d i spers i on  wavelength  XQ,  the 
material  BDP  is  sharply  reduced  from  this  maximum  value.  The 
appropriate  formulas  for  the  3  dB  optical  material  BDP  are 
then: 

fx  =  x,fQ  where  x  satisfies  the  equation  [32,33]: 
0.5(l.x2)0'25  =  exp[-(X-X0)2x2/(2(l*x2)AX^ms)  (2.11) 

Here ,  AXrms  is  the  root-mean-square  (RMS)  source  spectral 
width.  This  width  is  approximately  0.42AX(FWHM)  for  sources 
having  a  gaussian  or  near  gaussian  spectral  distribution. 
Figure  2.3  depicts  fx  Tor  1  km  of  typical  multimode  fiber  for 
various  LED  source  wavelengths  and  spectral  widths. 

Present  1300  nm  edge-emitting  LEDs  have  a  FWHM  linewidth 
around  70  nm.  Assuming  a  wavelength  mismatch  of  25  nm 
between  the  fiber  and  source,  the  appropriate  material  BDP, 
from  Fig.  2.3,  is  3.75  GHz-km. 


Fiber  Bandwidth,  GHz 
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Fig.  2.3  Material  Dispersion  Bandwidth  vs. 

LED  Source  Spectral  Width  and  Wavelength 
for  1  km  of  1300  nm  Multimode  Fiber 


The  modal  bandwidth  for  1300  nm  fibers  is  higher  than  that 
obtainable  with  850  and  1550  nm  fibers.  Recently,  a  median 
value  of  fm=  1.83  GHz-km  was  reported  for  1300  nm  fibers  mass 
produced  under  manufacturing  conditions  [14].  Experimental 
multimode  fibers  for  this  wavelength  produced  by  the  vapor- 
axial-deposition  ( V AD)  process  have  been  produced  with  average 
modal  BOPs  of  6  GHz-km,  the  highest  value  being  9.7 
GHz-km  [14]. 

Assuming  that  we  have  a  LED  source  with  a  70  nm  FWHM 
linewidth  and  a  center  wavelength  matched  to  the  fiber's  1300 
nm  zero-dispersion  point,  a  comparison  of  the  modal  and 
material  BDPs  for  a  conventional  mass-produced  1300  nm  fiber 
indicates  that  the  overall  fiber  bandwidth  is  limited  more  by 
the  modal  dispersion  than  the  material  dispersion  [13,29]. 
Thus,  unlike  850  nm  systems,  transmission  at  medium  data  rates 
(100  Mb/s)  over  tens  of  kilometers  may  be  possible  at  1300  nm 
with  a  LED  source,  provided  the  source  is  closely  matched  to 
the  fiber  zero-dispersion  wavelength.  The  major  advantage 
offered  by  a  laser-diode  (LD)  at  1300  nm  would  not  be  in 
available  fiber  bandwidth,  but  in  power. 

In  order  to  further  increase  the  fiber  bandwidth,  modal 
dispersion  has  to  be  reduced.  In  single-mode  fibers,  light 
propagates  only  in  the  HE^  mode,  and  hence  no  modal  dispersion 
occurs.  At  1300  nm,  where  the  material  dispersion  may  also 
vanish,  waveguide  dispersion  remains.  However,  first-order 
cancellation  of  this  waveguide  dispersion  is  possible,  and  the 
attainable  BDP  with  a  highly  coherent  source  may  be  over 
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100  GHz-km  [13,14,16].  The  ultimate  bandwidth,  fmav,-miim.  of  a 

ina x  i mum 

single-mode  fiber  at  its  zero  dispersion  wavelength  XQ,  for 
an  ideal  source,  can  be  approximated  with  the  following 
bandwidth  -  length  relationship  [13]: 


^maximum)  *"  ^  (2-12) 

In  addition  to  having  a  lower  dispersion,  single-mode 

fibers  also  have  a  slightly  lower  attenuation  than  multimode 
fibers.  Typical  values  are  0.4  -  0.5  dB/km  at  1300  nm  and  0.2 
dB/km  at  1550  nm.  The  lowest  value  to  date  is  0.16  dB/km  for  a 
1550  nm  single-mode  fiber. 

While  operation  at  1550  nm.  offers  the  lowest  attenuation, 
the  zero  material  dispersion  wavelength  is  at  1300  nm.  Hence, 
work  is  being  carried  out  to  shift  the  zero-d i spers i on 
wavelength  to  1550  nm.  The  penalty  for  this  is  a  slightly 
higher  fiber  attenuation  [13,14,29,34]. 

Full  utilization  of  single-mode  fibers  requires  precise 
source  characteristics  and  fiber  manufacturing  control.  Near 
the  zero-dispersion  wavelength,  the  fiber  BDP  is  not  determined 
directly  by  the  fiber  dispersion,  but  by  source  mode-jumping 
for  a  single-mode  source,  and  by  mode- part i t i on  noise  for  a 
multi-mode  source  [16,35]. 

When  multi-mode  sources  are  used,  mode-partition  noise  can 
be  caused  by  power  fluctuations  between  source  spectral 
components.  The  BDP  limitation  caused  by  this  phenomenon  (for 
a  power  penalty  of  1.5  dB  at  a  10  ^  error  rate)  is 
BDP  <  (130  Gb-km/ps)/(AXrmsldTx  /dXl  ‘k0-5) 


(2.13) 
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where  k  is  a  mode-partition  noise-suppression  factor  (0.1<k<l). 
Typical  experimental  values  for  k  are  from  0.4  to  0.7  [16]. 
Equation  2.13  applies  when  the  source  center  wavelength  is 
different  from  the  fiber  zero-dispersion  wavelength.  For 
matched  wavelengths,  the  appropriate  formula  is:  [16] 

BDP  <  (1173  Gb-km/ps)/(AXrms2|d2Tx /dX2| -k0'5)  (2.14) 

For  conventionally  clad  fibers,  [15] 

ld2rA  /d  X2 I  =  0.1  ps/nm2km  (2.15) 

Mode-partition  noise  is  eliminated  by  using  single-mode 
optical  sources.  However,  another  limiting  phenomenon  arises. 
Temperature  variations  or  drive  variations  may  cause  single¬ 
mode  LD's  to  suddenly  jump  off  their  center  wavelength  to 
another  wavelength.  This  behavior  is  called  mode-jumping  and 
also  affects  the  BDP  limitation  of  the  fiber.  Its  effect  is 
proportional  to  the  material  dispersion  and  the  magnitude  of 
the  jump  AX,  [16]: 

BDP  <  (225  Gb/km  -  s)  /  |AXj  (d  /d  X)  I  (2.16) 

To  illustrate  the  effect  of  mode-partition  and  mode¬ 
hopping  noise  on  a  high  capacity  single-mode  fiber  system, 
consider  the  realization  of  a  20  km  repeaterless  link  with  a 
signalling  capacity  (at  half  the  channel's  Nyquist  rate)  of  1.6 
Gb/s  [34].  For  a  1300  nm  multimode  LD  source  having  an  RMS 
spectral  width  of  2  nm  and  a  mode-partition  noise-suppression 
factor  of  0.6,  the  fiber  material  dispersion,  from  (2.13),  has 
to  be  less  than  2.6  ps/km.  From  (2.15),  this  can  be  realized 
if  the  source  center  wavelength  is  within  26  nm  of  the  fiber 
zero-dispersion  wavelength.  However,  present  source  and  fiber 
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fabrication  technology  is  not  adequate  to  realize  this 
condition  commercially  [34].  For  a  single-mode  source  having  a 
mode  hop  of  3  nm,  (2.16)  indicates  the  material  dispersion  must 
be  2.3  ps/nm-km  or  less;  an  even  tighter  limit. 

Reduction  of  these  two  limiting  factors  can  be 
accomplished  by  providing 

a)  precise  matching  between  the  source  center  frequency 
and  the  fiber  zero-dispersion  wavelength. 

b)  minimization  of  the  second  derivative  of  the  material 
dispersion  with  respect  to  the  wavelength. 

The  first  of  these  solutions  is  difficult  to  realize 

\ 

because  of  the  h i g'h  fiber  impurity  concentration  tolerances, 
fiber  dimension  tolerances,  and  source  composition  tolerances 
required,  not  only  for  individual  batches,  but  over  many 
production  batches.  This  is  quite  difficult  to  achieve,  much 
as  it  is  difficult  to  precisely  control  individual  transistor 
parameters  from  batch  to  batch.  (Common  transistors  usually 
have  a  manufacturer  specified  current  gain  range  of  50  to  200 
or  more.)  The  second  solution  has  spurred  on  developments  of  a 
fiber  with  low  dispersion  over  a  broad  range  of  wavelengths. 
Bel  1  Telephone  Labs  recently  produced  an  experimental  fiber 
with  less  than  1.5  ps/nm-km  dispersion  with  wavelengths  from 
1.35  urn  to  1.63  urn.  The  attenuation  of  this  fiber  averaged 
over  a  119  km  length,  including  splices,  was  0.45  dB/km  at  1300 
nm  and  0.27  dB/km  at  1550  nm.  This  fiber  was  used  to  realize 
transmission  of  420  Mb/s  over  the  119  km  of  fiber  with  no 
repeaters  (a  now  broken  record)  [12].  However,  this  result  is 
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still  far  short  of  the  theoretical  capability  of  single-mode 
fibers,  and  involves  some  compromise  in  fiber  characteristics 
due  to  source  limitations. 

2.2.2  Source  Technology 

Before  fiber  systems  became  commercially  feasible, 
practical  optical  sources  had  to  be  developed.  Much  attention 
was  paid  to  850  nm  sources  (and  detectors)  and  only  recently 
has  this  attention  shifted  to  longer  wavelength  devices. 

LEDs  and  LDs  for  0.85  urn  operation  have  been  commercially 
available  for  many  years.  These  short  wavelength  devices  are 
made  of  A 1 G a A s ;  a  semiconductor  material  that  has  been  studied 
for  many  years  and  hence  is  readily  available  and  understood. 
The  better  850  nm  LEDs  have  launch  powers  around  -10  dBm, 
spectral  FWHM  linewidths  of  30  nm,  can  be  directly  modulated  to 
100  Mb/s  or  higher,  and  have  mean  lifetimes  in  excess  of  10^ 
hours  [14  ,36,37].  LDs  for  this  wavelength  have  output  powers 
of  several  milliwatts,  RMS  linewidths  of  <2  nm  (for  modulation 
at  a  few  hundred  Mb/s  or  less),  can  be  modulated  up  to  one  Gb/s 
or  higher,  and  have  mean  lifetimes  of  106  hours  [14,36]. 

LDs  provide  higher  optical  power  outputs  and  have  a 
narrower  spectral  width  than  LEDs.  However,  LEDs  are  more 
reliable,  much  simpler  to  operate  due  to  their  more  stable 
output  power  with  respect  to  temperature,  and  cheaper  than  LDs. 
They  are  also  immune  to  coherency-related  problems  such  as 
modal-noise,  mode-jumping,  and  pulsations.  Thus,  LEDs  are  still 
very  useful  as  sources  for  multimode  systems,  especially  at 
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1300  nm  where  material  dispersion  is  small  [14,30,38]. 

Sources  for  longer  wavelength  operation  are  made  of 
InGaAsP.  LEDs  operating  at  1300  nm  typically  have  launch 
powers  of  -12  dBm  and  FWHM  linewidths  of  70  nm  for  edge 
emitting  designs,  larger  than  that  obtainable  with  850  nm  LEDs. 
(In  general,  the  spectral  width  of  a  LED  is  proportional  to  the 
square  of  the  LED  wavelength  [15].)  Recently,  a  1300  nm  LED 
with  an  incorporated  ridge  waveguide  was  produced,  resulting  in 
a  FWHM  spectral  width  of  30  nm,  higher  modulation  capability, 
and  higher  coupling  efficiency;  however,  it  was  more 
temperature  sensitive  than  conventional  LEDs  [14].  Thus  far, 
the  mean  lifetimes  of  InGaAsP  LEDs  are  typically  from  5*10®  to 
10®  hours,  somewhat  less  than  for  850  nm  LEDs  [35,38]. 

Present  long  wavelength  LDs  have  some  disadvantages 
compared  to  short  wavelength  LDs.  Their  output  power  is 
slightly  lower,  their  spectral  width  is  slightly  higher,  and 
they  are  much  more  temperature  sensitive  [14,27].  The  first 
two  disadvantages  are  more  than  offset  by  improved  fiber 
characteristics  at  the  longer  wavelengths.  The  sensitivity 
problem  has  not  yet  been  completely  solved.  Typical  1300  nm 
LDs  have  output  powers  of  0  -  3  dBm  and  RMS  linewidths  around 
2  nm  [14,34,35]. 

For  single-mode  fiber  transmission,  either  single-mode  or 
multimode  sources  may  be  used.  Multimode  sources,  however,  may 
cause  mode-partition  noise,  as  mentioned  earlier.  Thus,  in 
order  to  achieve  maximum  bandwidth,  single-mode  sources  are 
required.  These  sources  also  have  their  problems,  some  of 
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which  are: 

1.  LDs  that  exhibit  single-mode  operation  under  steady 
state  conditions  sometimes  break  into  multimode 
operation  when  modulated.  This  problem  can  be  solved  through 
distributed  feedback  techniques  [14,35]. 

2.  LD  linewidths  need  to  be  reduced  to  fully  realize 
single-mode  technology,  especially  for  coherent 
detection  [14]. 

3.  As  mentioned  earlier,  present  fabrication  technology  is 
not  adequate  to  match  the  LD  center  wavelength  and  the  fiber 
zero-dispersion  wavelength  for  Gb/s  transmission  [34]. 

Because  of  these  problems,  much  source  development  for 
commercial  single-mode  systems  is  required. 

Although  single-mode  fibers  outperform  multimode  fibers, 
single-mode  sources  and  fibers  are  much  costlier  than  multimode 
sources  and  fibers.  Since  the  capacity  of  single-mode  systems 
is  not  required  for  almost  all  fiber  optic  applications, 
single-mode  systems  are  generally  used  in  only  very  long 
distance,  high  bit  rate  systems.  As  will  be  shown  later, 
multimode  fibers  with  either  LDs  or  LEDs  as  an  optical  source, 
and  with  proper  signal  formatting  and  coding,  are  adequate  for 
many  data  links,  even  at  bit  rates  of  100  Mb/s  or  higher. 
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2.2.3  Detector  Technology 

The  bandgap  of  silicon  is  close  to  1  um.  Hence,  silicon 
is  an  ideal  semiconductor  for  850  nm  optical  detectors. 
Application  of  the  mature  silicon  device  technology  to  short 
wavelength  detectors  has  resulted  in  cheap,  high  quality  PIN 
diodes  and  APDs  for  first  generation  fiber  systems.  Silicon 
APDs  have  quantum  efficiencies  close  to  100%,  fast  response 
times  (41  ns),  current  gains  of  100  with  excess  noise  factors 
of  about  5,  and  dark  currents  around  10  pA  [14,30,36]. 

Unfortunately,  silicon  is  useless  as  a  semiconductor  for 
long  (>  1  um)  wavelength  detectors.  Consequently,  materials 
such  as  Ge,  InGaAs,  and  InGaAsP  are  being  used.  Germanium  has 
two  major  shortcomings  compared  to  silicon  -  higher  dark 
currents  (-  10C  nA)  and,  for  APDs,  higher  excess  noise.  Even 
so,  Germanium  APDs  are  useful  for  long  wavelength  systems.  One 
example  APD  has  an  excess  noise  factor  of  7  at  a  gain  of  10,  a 
quantum  efficiency  of  80%,  and  a  dark  current  of  1  uA  at  room 
temperature  (for  operation  at  90%  of  its  breakdown  voltage) 
[14].  Newer  devices  such  as  InGaAs  PIN  diodes  and  InGaAsP  APDs 
have  better  performance  than  Ge  APDs;  however,  germanium 
devices  are  older  and  hence  commercially  more  available.  InGaAs 
PIN  diodes  have  less  stringent  power  supply  requirements 
(possibly  resulting  in  greater  repeater  reliability)  and 
slightly  higher  sensitivities. 

Figure  2.4  summarizes  the  best  experimental  850  nm  and 
1300  nm  repeater  sensitivities  (at  a  10  9  BER  and  with  binary 
signalling),  as  a  function  of  the  baud  rate,  for  various 
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Fig.  2.4  Receiver  Sensitivity 

vs.  Data  Rate 

with  various  optical  detectors 
Binary  signalling,  BER=10E— 9 


. 


optical  detectors  [14,29,30,35,39-44].  The  two  curved  lines 
represent  the  achieved  sensitivity  limits,  while  the  straight 
lines  represent  the  quantum  limits  on  receiver  sensitivity  for 
direct  detection  and  binary  signalling.  From  this  graph,  the 
sensitivity  of  1300  nm  receivers  to  date  are  about  3  db  less 
than  the  comparable  850  nm  receiver  sensitivities,  for  bit 
rates  in  the  vicinity  of  20  Mb/s  to  400  Mb/s. 

2.3  Optical  Fiber  Multilevel  Systems 

Section  2.1  demonstrated  the  theoretical  advantages  of 
multilevel  signalling.  Section  2.2  discussed  present  fiber 
optic  technology.  In  this  section,  the  practical  advantages  of 
DFE  and  multilevel  signal  1  ing  for  multimode  fiber  systems  will 
be  investigated.  This  will  be  done  by  deriving  power  and 
dispersion  limits  for  the  maximum  repeater  spacing  in 
hypothetical  850  and  1300  nm  multimode  systems,  using  good 
quality  commercially  available  or  conceivable  components. 
These  limits  will  be  formulated  for  both  binary  and  four  level 
signal  1 ing  with  and  without  decision  feedback  equalization. 
LED  and  LD  optical  sources  will  be  used  in  derivation  of  these 
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2.3.1  Component  Specifications 


The  following  is  a  summary  of  the  assumed  component 
specifications  for  the  hypothetical  systems. 

Fiber 

1.  The  850  nm  fiber  is  a  multimode  graded  index  fiber, 
with  a  numerical  aperture  of  0.2  and  a  50  urn  core  diameter,  a 
materiel  dispersion  of  85  ps/nm-km,  a  modal  bandwidth  of  670 
MHz/km,  and  an  attenuation  of  2.4  dB/km  [31]. 

2.  The  1300  nm  fiber  is  a  multimode  graded  index  fiber 
with  a  numerical  aperture  of  0.2  and  a  50  urn  core  diameter,  a 
material  dispersion  crossing  through  zero  with  a  slope  of 
0.1  ps/km-nm^,  a  modal  bandwidth  of  1.83  GHz-km,  ’and  an 
attenuation  of  0.7  dB/km  [14,15]. 

Sources 

1.  The  850  nm  LED  has  a  peak  output  power  (launched  into 
the  fiber),  OP,  given  by 

0Ppeak  =  ‘10  dBm  “  101og(l+B/100  Hb/s)  dB  (2.17) 

where  B  is  the  LED  modulation  frequency  (or,  equivalently,  the 
data  baud  rate).  This  expression  reflects  the  tradeoff  between 
bandwidth  and  output  power  inherent  to  present  LED  (and  LD) 
designs.  The  LED  FWHM  linewidth  is  30  nm  [15,29,30,35]. 
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2.  The  1300  nm  LED  has  a  FWHM  linewidth  of  70  nm,  and  a 
center  wavelength  25  nm  from  the  fiber's  zero  dispersion 
wavelength.  The  peak  launch  power  of  the  LED  is: 
[14  ,15  ,29  ,35  ,38] 

0Ppeak  =  dBm  “  101 og (1+ B/ 100  Mb/s)  dB.  (2.18) 

3.  The  850  nm  (multimode)  LD  has  a  3  nm  FWHM  linewidth 
and  a  peak  launch  power  given  by:  [14,29] 

OPpeak  =  6  dBm  -  101og(l+B/400  Mb/s)  (2.19) 

4.  The  1300  nm  multimode  LD  has  a  5  nm  FWHM  linewidth  and 
a  launch  power  given  by:  [15,35] 

^peak  =  3  dBm  -  101og(l+B/400  Mb/s)  (2.20) 

Detectors 

1.  The  850  nm  detector  is  a  silicon  APD.  The  850  nm 
receiver  sensitivity  for  a  given  baud  rate  will  be  derived  from 
experimental  achievements  to  date,  shown  in  Figure  2.4. 

2.  The  1300  nm  detector  is  an  InGaAs  PIN  diode.  The 
receiver  sensitivity  using  this  device  will  also  be  derived 
from  F igure  2.4. 

2.3.2  System  Power  Penalties 

The  application  of  equalization  and  multilevel  signalling 
requires  additional  receiver  power.  For  proper  system  design 
this  power  penalty  has  to  be  included  as  an  additional  loss. 


A  multilevel  system  requires  additional  power  over  a 
binary  system  for  the  same  error  performance  and  receiver 
sensitivity.  For  additive  gaussian  noise,  the  additional 
penalty  for  using  more  than  2  levels  is  10*1  og(A-l) .  where  A  is 
the  number  of  levels.  For  an  ideal  four  level  system,  this 
penalty  is  4.8  dB.  However,  an  actual  system  would  exhibit 
shot  noise.  Inclusion  of  shot  noise  results  in  the  optimum 
levels  being  unequally  spaced,  as  will  be  shown  in  Chapter  5. 
This  increases  the  power  penalty  required;  experimental  results 
from  the  four  level  system  used  in  this  thesis  indicate  a  6.2 
dB  penalty  is  more  appropriate. 

The  equalization  penalty  strongly  depends  on  the  amount  of 
equalization  required  and  the  type  of  equalizer  used.  The 
reason  that  there  is  a  penalty  lies  in  the  fact  that  when  a 
signal  is  bandlimited,  some  of  its  spectral  components  are 
attenuated.  Thus,  for  a  given  noise  floor,  the  SNR  of  these 
attenuated  components  decreases,  and  this  decrease  is  reflected 
in  the  power  penalty.  Although  this  penalty  is  not  by  any 
means  constant,  a  penalty  corresponding  to  a  doubling  of  the 
achievable  bit  rate  will  be  used.  Above  this  rate,  the 
equalization  penalty  increases  drastically,  and  thus  the 
assumption  that  further  equalization  beyond  this  rate  is  not 
practicable  will  be  made.  For  DFE ,  a  penalty  of  3.5  dB  for 
this  condition  is  appropriate.  The  choice  of  DFE  will  be 
justified  in  Chapter  3  [18,28]. 
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2.3.3  System  Design 

The  dispersion  and  power  limits  for  the  maximum  repeater 
spacing,  as  a  function  of  the  bit  rate  desired,  are  shown  in 
Figures  2.5  and  2.6  for  the  850  nm  and  1300  nm  systems 
respectively.  The  power  limits  were  derived  with  the  following 
formula: 

L  =  (OP  -  M  -  P  -  R) / ( F  +  I)  (2.21) 


where 

L  is  the  maximum  repeater  spacing; 

OP  is  the  average  launched  optical  power,  and  is  3  dB  less 
than  the  peak  launch  power  of  the  source; 

M  is  a  safety  margin  of  5  dB; 

P  is  the  power  penalty  if  equalization,  four  level 
signalling,  neither,  or  both  are  used  and  is  3.5  dB,  6.2 
dB,  0  dB,  or  3. 5+6. 2=  9.7  dB  respectively; 

R  is  the  receiver  sensitivity  for  the  baud  rate  as  given  by 
Figure  2.4; 

F  is  the  fiber  attenuation  in  dB/km;  and 

I  is  an  additional  loss  of  0.2  dB/km  for  installation, 
cab! ing,  and  spl ices. 


The  dispersion  limits  for  the  repeater  spacing  are  derived 

from  the  equations: 

B  =  1.0-f. 

BE  =  2.0-fi 
M  =  2-0 -fr 
ME  =  4.0-f l 

B  is  the  bit  rate  for  a  binary  system  with  no  equalization,  BE 
is  for  a  binary  system  with  equalization,  M  is  for  a  four  level 
system,  and  ME  is  the  bit  rate  for  a  four  level  system  with 

equalization.  The  fiber  bandwidth,  f^.,  is  defined  by  fx,fm» 
and  L  (Eqn.  2.9). 
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Fiber  Length, 


Fig.  2.5  Channel  Length  and  Capacity  Limits 
for  the  850  nm  2/4  Level  System 

using  both  LED  and  LD  Optical  Sources 
with  and  without  DFE 
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Fiber  Length, 


Fig.  2.6  Channel  Length  and  Capacity  Limits 
for  the  1300  nm  2/4  Level  System 

using  both  LED  and  LD  Optical  Sources 
with  and  without  DFE 


The  difference  between  bit  rate  and  baud  rate  should  be 
clarified.  The  baud  rate  for  PAM  NRZ  systems  is  the  pulse 
rate;  the  bit  rate  is  the  baud  rate  multiplied  by  the  number  of 
bits  represented  by  a  pulse.  For  binary  systems,  they  are  the 
same;  for  a  four  level  system  the  bit  rate  is  twice  the  baud 
rate. 

From  Figures  2.5  and  2.6,  it  appears  that  the  use  of  DFE 
lowers  the  attainable  repeater  spacing  for  power  limited  system 
operation.  This,  however,  is  not  the  case.  The  power  limits 
for  signalling  with  DFE  were  derived  using  a  constant 
equalization  penalty  of  3.5  dB.  The  actual  penalty  will  depend 
upon  the  amount  of  equalization  required.  Hence,  the 
unequalized  and  equalized  power  limit  curves  are  actually  upper 
and  lower  bounds  (assuming  further  equalization  is  not 
practical),  with  the  transition  between  the  two  taking  place 
between  the  unequalized  and  equalized  dispersion  limit  curves. 

Comparison  between  the  different  signalling  formats  can  be 
facilitated  by  Table  2.1.  This  table  shows  the  maximum 
attainable  repeater  spacing  for  the  specified  data  rates  and 
various  signalling  formats.  Circled  in  the  chart  are  the  best 
signalling  combinations  for  each  source  and  data  rate 
combination. 

For  the  850  nm  system,  with  a  LED  optical  source  there  is 
nothing  to  be  gained  through  extensive  equalization  or 
multilevel  signalling  at  DS-2  data  rates,  since  the  link  is 
power  limited.  Of  course,  equalization  may  allow  for  a 
slightly  lower  receiver  bandwidth  and  hence  more  receiver 
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System 

Type 


Signal 

Format 


6.3 

DS-2 


Data  Rate  (Mb/s) 


45 

DS-3 


90 

DS-3C 


274 

DS-4 


560 


1000 


850  nm 
LED 


Binary 
Bin  +  DFE 
4  Level 
4  Level+DFE 


17P 


17P 
15. 5P 
15. 5P 


3 . 5  P 
7.5P 
7.5P 

T73p1 


2D 

4D 

4D 

mo 


2 . 5  D 


850  nm 
LD 


Binary 
Bin  +  DFE 
4  Level 
4  Level+DFE 


23P 


20. 5P 


23P 
21P 
21 P 


20. 5P 
19. 5P 
19. 5P 


ITspTdI 


18. 6P 
18P 
18P 


4D 

9 . 5  D 


1 .2D 
3 . 5  D 


1 . 7  D 


9.5D 

3 . 5  D 

1 . 7  D 

15P 

9 . 5  D  ,  P 

4 . 5  D 

1300  nm 
LED 


1300  nm 
LD 


Binary 
Bin  +  DFE 
4  Level 
Level+DFE 


35. 5P 

35. 5P 
34P 
34P 


31P 

31P 

30P 

30P 


10. 5D 

4 . 5  D 

2D 

18. 5D 

10P  ,D 

5P,D 

22P  ,D 

10. 5P 

5D 

22Pl 

1 3 . 5Pi 

8P 

Binary 
Bin  +  DFE 
4  Level 
Level+DFE 


54P 

54P 

51P 

51P 


48. 5P 

48. 5P 
47P 
47P 


38D  ,P 

40T5P 

40. 5P 
40. 5P 


9D 

31D.P 
34D  ,P 


35P 


3D 
13D 
13D 
26P  ,D 


Table  2.1  Maximum  repeater  spacing  for  various  system 

types,  data  rates,  and  signalling  formats. 

-9 

(bit  error  rate  =  10  ) 

Legend 

1.  Each  charted  number  is  a  maximum  repeater  spacing  in  km 
for  the  appropriate  signalling  format  and  data  rate. 

2.  The  D  beside  the  repeater  distance  denotes  the  length  is 
limited  by  the  fiber  dispersion.  The  P  denotes  the  length 
is  limited  by  power  requirements. 


3.  The  boxed  in  f  1  'HI  repeater  distances  correspond  to  the 
best  signalling  combinat ion(s)  for  the  given  conditions. 
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sensitivity.  However,  the  difference  in  the  attainable  maximum 
repeater  spacing  will  be  small.  (The  idea  of  trading  receiver 
bandwidth  for  sensitivity  will  be  mentioned  in  Chapter  4).  At 
DS-3  or  DS-4  bit  rates,  however,  4  level  signal  ling  with  DFE 
allows  a  3.5  times  increase  in  the  allowable  repeater  spacing; 
certainly  this  increase  is  substantial  enough  to  warrant  the 
extra  repeater  complexity.  The  4  level  signalling  accounts  for 
half  of  this  increase.  Using  both  DFE  and  4  level  signalling, 
a  repeater  spacing  of  2.5  km  with  an  850  nm  LED  at  DS-4  rates 
may  be  possible. 

When  an  850  nm  LD  is  used,  there  is  little  advantage  in 
going  to  4  level  signalling  at  DS-3  rates  or  lower.  Also, 
equalization  is  not  required,  as  the  repeater  spacings  are 
power  limited,  not  dispersion  limited.  At  DS-4  rates,  however, 
4  level  signalling  with  DFE  is  best,  and  the  maximum  repeater 
spacing  is  power  limited,  whereas  for  the  other  three 
signalling  combinations  the  spacing  is  dispersion  limited.  The 
repeater  spacing  is  increased  by  a  factor  of  3  over  binary 
signalling  without  equalization.  However,  much  of  this 
improvement  can  be  obtained  with  either  4  level  signalling  or 
DFE  alone.  The  full  potential  of  the  4  level  signalling  with 
DFE  is  realized  at  the  European  standard  bit  rate  of  560  Mb/s; 
then,  a  repeater  spacing  of  13.5  km  may  be  possible. 

The  1300  nm  system  offers  an  order  of  magnitude  increase 
in  the  available  bandwidth  -  distance  products.  For  example, 
the  maximum  repeater  spacing  with  a  LED  at  850  nm  and  a  DS-4 
data  rate  is  2.5  km.  At  1300  nm,  the  correspondi ng  distance  is 
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22  km.  At  1  Gb/s  and  with  a  LD  source,  the  maximum  repeater 
spacing  at  1300  nm  is  26  km  using  both  DFE  and  4  level 
signalling,  as  compared  to  4.5  km  at  850  nm. 

At  1300  nm  and  DS-4  bit  rates  or  higher,  four  level 
signalling  without  equalization  is  usually  better  than  binary 
signalling  with  DFE.  This  indicates  that  the  6.2  -  3.5  =  2.7 
dB  extra  power  required  for  unequalized  4  level  signalling  over 
binary  signalling  with  DFE  is  more  than  offset  by  the  decrease 
in  receiver  sensitivity  and  source  launch  power  when  the  baud 
rate  is  doubled  (for  the  same  bit  rate,  the  baud  rate  for 
binary  signalling  is  double  that  of  four  level  signalling).  In 
fact,  the  power  limits  for  four  level  unequalized  signalling  at 
1300  nm  surpass  the  binary  unequalized  signalling  power  limits, 
but  at  data  rates  where  binary  signalling  is  no  longer  useful. 

At  low  data  rates,  where  equalization  or  four  level 
signalling  is  not  required,  the  penalty  for  using  4  level 
signalling,  in  terms  of  the  maximum  repeater  spacing  is  small 
(under  6%  for  the  worst  case  in  Table  2.1). 


CHAPTER  3.  SIGNAL  FILTERING  AND  EQUALIZATION 


In  communication  systems,  filters  and  equalizers  are  often 
used  to  minimize  or  compensate  for  signal  degradation.  With 
PAM  systems,  the  two  types  of  degradation  of  concern  are  noise 
and  I  SI  -  Noise  is  an  inescapable  restriction  in  system  design, 
and  can  only  be  minimized.  Noise  considerations  determine  the 
minimum  received  power  required  for  a  given  error  rate  and  thus 
ultimately  define  the  attenuation  limits  for  the  maximum 
repeater  spacing.  Such  limits  were  found  in  Chapter  2  for 
sample  optical  systems. 

I  SI ,  unlike  noise,  is  deterministic.  The  noise  variance  in 
a  received  signal  can  be  found,  but  the  exact  value  of  the 
interfering  noise  at  any  one  time  cannot  be  predicted.  I  S I , 
however,  can  be  accurately  predicted  and  consequently 
controlled  or  eliminated.  A  simple  method  of  keeping  the  ISI 
to  negligible  levels  involves  restricting  the  maximum  baud  rate 
of  a  system  to  wel  1  below  the  system  channel 's  Nyquist  rate. 
For  most  communication  systems,  however,  this  is  not  an 
economically  acceptable  solution.  If  the  need  exists,  a 
channel  should  be  utilized  as  efficiently  as  possible  within 
restrictions  imposed  by  economic  considerations  and  existing 
communication  standards.  The  system  design  should  also  allow 
for  the  possibility  of  future  growth.  For  many  dispersive 
fiber  systems,  this  implies  that  some  amount  of  ISI  is 
inescapable. 
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In  practical  systems,  minimization  of  the  ISI  and  noise 
has  to  be  accomplished  jointly.  For  example,  receiver  noise 
can  be  reduced  by  restricting  the  receiver  bandwidth.  However, 
this  will  also  cause  an  increase  in  the  ISI.  Thus,  filter  and 
equalizer  design  should  involve  consideration  of  both  sources 
of  degradation. 

For  PAM  systems,  filters  and  equalizers  are  similar  in 
design,  and  hence  the  two  terms  are  sometimes  used 
i nterchangabl y.  The  following  definitions  are  adhered  to 
throughout  this  thesis: 

In  digital  communications,  a  filter  is  any  device  that 
performs  one  or  more  of  the  functions  listed  below: 

1.  It  produces  a  desired  pulse  shape,  usually  for  the 
purpose  of  minimizing  ISI. 

2.  It  reduces  the  noise  level  corrupting  a  signal  through 
bandwidth  restriction. 

3.  It  aids  in  the  extraction  of  timing  information  from 
the  received  signal. 

An  equalizer  is  any  device  designed  to  compensate  for  any 
ISI  present  in  a  signal.  By  this  definition,  the  term 
equalizer  is  more  specific  than  the  term  filter. 

This  chapter  discusses  three  equalization  methods  useful 
in  fiber  optic  systems;  the  linear  zero-forcing  equalizer,  the 
linear  minimum  mean-squared-error  equalizer,  and  the  nonlinear 
decision-feedback  equalizer  mentioned  earlier.  The  choice  of  a 
DFE,  mentioned  in  Chapter  2,  as  the  equalization  method  used 
throughout  this  thesis  will  be  justified.  The  closely  related 
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topic  of  filtering,  of  concern  in  noisy  channels,  is  covered 
for  completeness,  and  serves  as  an  introduction  to  the  topic  of 
equalization. 

3.1  Filtering 

The  first  two  of  the  aforementioned  functions  of  filters 
are  pertinent  to  this  thesis.  In  this  section,  the  optimum 
filters  for  a  given  channel  and  desired  pulse  shape  will  be 
derived  for  the  case  of  additive  noise  which  may  or  may  not  be 
white.  As  it  turns  out,  the  inclusion  of  shot-noise  does  not 
change  the  structure  of  the  optimum  filters,  and  the  results 
are  applicable  to  a  broad  range  of  digital  systems. 

3.1.1  Choice  of  the  Pulse  Shape 

In  dispersive  sampled-time  systems,  one  design  problem  is 
that  of  choosing  a  pulse  shape  such  that  the  ISI  after  sampling 
is  minimized  or  controlled  in  some  fashion. 

In  order  to  transmit  at  the  Nyquist  rate  with  no  ISI,  the 
pulse  shape  has  to  be  rectangular  in  the  frequency-domain.  The 
time  -  domain  representat ion  of  this  is  the  sine  pulse  given  by 

x(t)=sin(7Tt/T)/ (7Tt/T)  =  s i nc ( t/T)  (3.1) 
where  T  is  the  reciprocal  of  the  data  rate  (=  1/2W  for  Nyquist 
signalling).  Figure  3.1  depicts  the  time  and  frequency  domain 
pulse  shapes. 


, 


X(f) 

2W 


f 


X(t) 


Fig.  3.1  The  Sine  Pulse  Shape  in  the 
Time  and  Frequency  Domains. 


The  sine  pulse  has  two  major  problems: 

1.  Pulses  with  sharp  discontinuities  in  the  frequency 
domain  are  physically  unrealizable.  (However,  they  can  often  be 
approximated) . 

2.  The  tail  of  the  sine  pulse  decays  as  1/t.  Hence,  a 
timing  error  in  sampling  the  received  pulse  may  lead  to  a  large 
or  nonconverging  ISI  term.  This  also  implies  that  even  if  the 
sine  pulse  could  be  closely  approximated,  the  resulting  pulse 
would  not  be  too  useful.  [45,46] 

We  are  therefore  restricted  to  transmission  at  less  than 
the  Nyquist  rate,  if  the  goal  of  no  ISI  at  sampling  instants  is 
to  be  achieved  or  approached.  This  criterion  is  satisfied  if 
the  pulse  shape  in  the  frequency-domain  is  zero  at  the 
frequencies  -1/T  and  +  1/T,  and  if  the  pulse  has  odd  symmetry 
about  the  frequencies  -1/2T  and  +1/2T  [45]. 

One  such  pulse  that  is  widely  used  in  digital  transmission 
is  the  raised-cosine,  defined  by  the  equations: 

T,  0  <  |f|  <  (l-y0)/2T 

0.5T[l-sin(7rt(f-l/(2T))//?)].  (l-/0)/2T  <  |f|  <(1+/J)/2T 

(3.2) 

x  ( t )  =  sinctt/TJ-cost^m/TJ/tl-M/Jt/T)2)  (3.3) 

The  constant  fi  is  referred  to  as  the  rolloff  parameter, 
and  can  have  a  value  from  0  to  1.  Figure  3.2  illustrates  the 
raised-cosine  shape  for  different  values  of  @ •  F°r  ^  =  0  ,t  h  e 
shape  degenerates  into  the  sine  pulse.  For  other  than  this 
value  of  /?,  the  tails  of  the  raised  -  cosine  pulse  decay 
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more  rapidly  than  the  sine  pulse  tails,  and  a  timing  error  in 
sampling  results  in  a  converging  ISI  term.  This  also  implies 
that  the  pulse  does  not  have  to  be  realized  exactly,  but  may  be 
approximated.  The  most  useful  raised-cosine  shape  is  that  for 


value 


which  corresponds  to  signalling  at 


half  the  Nyquist  rate,  two  other  properties  arise: 

1.  The  half  -  amplitude  pulse  width  (in  the  time  domain) 
is  equal  to  the  pulse  to  pulse  spacing,  T. 

2.  There  are  additional  zero  crossings,  as  shown  in 
Figure  3.2,  at  the  times  t=-3T/2,  -5T/2 .... 

These  two  features  of  the  j3  =1  raised  cosine  greatly  aid 
in  timing  extraction.  In  fact,  Nyquist  has  shown  that  only 
this  waveshape  possesses  all  of  the  above  features.  The  price, 
however,  of  these  advantages  is  a  bit  rate  equal  to  the 
bandwidth,  or  half  the  Nyquist  rate.  [46] 

If  signalling  at  or  faster  than  the  Nyquist  rate  is 
desired,  we  have  to  deal  with  ISI.  Such  signalling  is  termed 
part i a  1 -response  signalling.  Belonging  to  this  category  are 
duobinary  signals,  depicted  in  Fig.  3.3  and  defined  by  [45,47]: 


T(l*exp(-j27TfT))  =  2T*exp(-327TfT)*cos(7TfT),  |f|<l/2T 


X(f)  = 


|  f  |  >  1  /  2  T 


0, 


(3.4) 


1,  for  k=0,l 


(3.5) 


x(kT)  =  x.  =  ' 

0,  otherwise 


1; 


— 
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Fig.  3.3  The  Duobinary  Pulse  Shape. 

With  this  pulse,  if  the  transmitted  information  is  denoted 
by  Ak  (=  A(kt)),  and  the  received  information  by  Bk,  then  Bk 
is  given  by  B^  =  +  A^j.  DFE  can  be  used  to  eliminate  the 
Ak_i  interference  term  in  Bk: 


Fig.  3.4  DFE  for  ISI  Cancellation  in  Duobinary  Pulses. 
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This  concept  works  well  when  all  the  decoder  decisions  are 
correct.  However,  incorrect  decisions  will  propagate 
indefinitely,  making  the  system  unusable.  This  problem  can  be 
eliminated  by  coding  the  transmitted  information  in  such  a  way 
as  to  pre-compensate  for  the  I  SI .  This  coding  results  in  M 
signal  levels  being  transmitted  as  2M-1  levels.  Upon 
reception,  these  2M-1  levels  appear  as  M  levels  due  to  the  I  SI . 


3.1.2  The  Optimum  Receiver  Filter  for  PAH  Systems. 

The  previous  section  briefly  discussed  two  pulse  shapes 
useful  in  PAM  systems.  The  design  of  the  transmitter  and 
receiver  filters  can  now  be  considered.  Once  a  particular 
pulse  shape  has  been  decided  upon,  we  want  the  convolution  of 
the  transmitter  filter,  receiver  filter,  and  the  channel 
response  to  be  that  pulse  shape.  Furthermore,  we  would  want  to 
maximize  the  SNR  of  the  received  signal. 

In  this  section,  the  design  of  the  receiver  filter  will  be 
discussed.  This  filter  will  be  derived  for  a  specified  input 
pulse  and  will  be  optimum  for  that  pulse  shape. 

The  receiver  portion  of  the  communication  system  can  be 
model  1  ed  as  foil ows: 


AWGN 


^u-J 


Fig.  3.5  System  Model  for  the  Optimum  Receiver  Filter  Design. 
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The  noise  in  this  model,  g(t)  is  assumed  to  be  additive 
and  gaussian,  but  not  necessarily  white.  The  received  signal 
shape  is  defined  by  x(t)  and  X(f).  We  would  like  to  design 
R(f),  the  receiver  filter,  such  that  the  SNR  after  sampling  is 
a  maximum.  Since  it  is  more  desirable  to  work  with  white 
noise,  R(f)  can  be  broken  into  two  parts,  the  first  being  a 
whitening  filter  with  a  transfer  function  given  by: 

Rw(f)  =  1/1 6(f)  I  (3.6) 
With  this  whitening  filter  known.  Fig.  3.5  can  be  redefined  for 
the  white-noise  case,  where  6(f)  =  1.  The  sampled  noise,  g(t), 
will  become  n(t),  to  signify  it  is  sampled  white  noise.  The 
simplified  model  is  thus: 


Fig. 3.6  System  Model  for  the  Optimum  Receiver  Filter 
Design  for  Additive  White  Gaussian  Noise. 

We  denote  0"^  to  be  the  expected  value  of  the  output  noise 
n0(kT): 

<Tk2  =  E{n0(t)2}  =  (N0/2)  T|R(f)|2df  (3.7) 

-CO 

Nq/2  is  the  power  spectrum  of  the  AWGN.  The  SNR  at  the  sampler 
output,  S/N,  is: 

S/N  =  [r0(kT)/(Jk]2 


(3.8) 


,  1 5  f  2  i 
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We  wish  to  maximize  the  SNR.  To  do  this,  we  make  use  of  the 
inverse  Fourier  transform  of  rQ(t ) : 


f 00 

rn(t)  =/  ‘1{Rft(f)}*6(t-T)  *  / R0(f)exp(j27Tft)df  (3.9) 

*'-co 


Substituting  RQ ( f )  =/x(f)R(f)  into  Eqn.  3.9  results  in 

00  ''“00 

r  (t)  =  / X(f)R(f)exp(j27Tft)df.  (3.10) 

J—  CO 

Thus,  the  signal  to  noise  ratio  can  be  written: 

/CO  ^00 

X(f)R(f)exp(j27m)df(2/[(N0/2)  /  |R(f)|2df] 
co  J—  co 


(3*11) 


To  maximize  S/N,  we  rely  upon  Schwartz's  inequality,  stated 
here  without  proof: 


/oo 

- 

00 


Jj 


co 


I  2  (f)Y(f)df|‘  <  |Z(f)pdf-  lY(f)pdf 


00 


■  f  lY 

J-: o 


(3.12) 


Equality  occurs  for  Z(f)  =  cY(f),  where  c  is  a  constant. 

If  we  denote  Z*(f)  =  X ( f ) e x p [ j 2 7Tf T]  and  Y(f)*R(f),  then  S/N 
will  be  a  maximum  when  Z(f)  =  cY(f),  or,  substituting  and 
letting  c=l, 

R(f )  -  [X(f)exp(j27TfT)]*.  (3.13) 

The  inverse  fourier  transform  of  this  yields 


r(t)  =  /. ™  exp(j27Tft)df 

=  J"(f  )*exp(-j27rfT)  *exp(-j27r(-f)t)df 
=  X(T-t). 


(3.14) 


Thus,  the  optimum  receiving  filter  for  white  noise  is  the 
time-reversed  version  of  the  received  signal.  Such  a  filter  is 
therefore  termed  a  matched  filter.  [16,45,46,48] 


< 
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For  the  case  of  colored  noise,  the  optimum  filter*  is  the 
cascade  of  the  whitening  filter  and  the  matched  filter,  with 
the  matched  filter  matched  to  W(f)  =  X ( f ) R  (f)  =  X(f)  / | G ( f ) I : 

n 

R(f)  =  W(f )exp(-j27TfT)/ 1 G(f ) I  =  X(f )*exp(-j27TfT)/ 1  G(f )  11  2 

(3.15) 

For  the  majority  of  cases,  however,  the  optimum  receiver 
filter  cannot  be  realized,  or  else  is  too  complicated  and  hence 
expensive  to  justify.  In  these  cases,  other  less  optimal 
designs  may  be  used.  Often,  sharp-cutoff  lowpass  filters  are 
adequate  in  limiting  the  noise.  One  example  in  which  the 
optimum  filter  can  be  realized  is  when  the  input  signal,  y (t ) , 
is  the  rectangular  pulse 

y(t)  =  -A[u(t+kT)  -  u(t+(k+l)T)]  ♦  n(t)  (3.16) 
and  the  additive  noise  is  white.  The  constant  A  is  the  signal 
amplitude,  and  the  u(t)  are  unit  step  functions.  Then,  the 
matched  filter  is  the  well-known  integrate  and  dump  filter. 


1  This  is  not  quite  optimum  because  the  whitening  filter 

spreads  the  signal  beyond  the  T  -  second  sampling  interval. 
This  causes  some  I  SI ,  as  well  as  a  discarding  of  some  of  the 
signal  energy  in  the  decision  -  making  process  [48]. 


< 
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3.1.3.  Joint  Design  of  the  Transmitter  and  Receiver  Filters 


From  section  3.1.2,  the  optimum  receiver  filter  was  found 
to  be  a  matched  filter.  If  the  system  model  is  expanded  to 
include  the  transmitter  filter  and  the  channel,  Figure  3.7  is 
obtained:  [46,48] 


Fig.  3.7  System  Model  for  Joint  Design  of  the 
Transmitter  and  Receiver  Filters. 


Y ( f )  is  the  desired  pulse  shape  (for  example,  a  raised 
cosine  pulse),  R(f)  is  the  receiver  filter,  H(f)  is  the  channel 
response,  T(f)  is  the  transmitter  filter,  and  G(f)  is  the 
spectrum  of  the  colored  noise.  Making  R(f)  a  matched  filter, 
we  have  the  relationship 

R(f)  =  S(f }*exp(-j27TfT)/ | G(f )  I2.  (3.17) 

Looking  at  only  the  signal  component  of  the  output,  we  want 
S(f)  =  Y(f)/R(f).  This  yields 

R(f)  =  Y(f)exp(-j27TfT)/(R(f)lG(f)l2)  (3.18) 


Ignoring  phase  shifts, 

lR(f)loptimal  -  Y(f)°-5/|G(f)l 
Also,  we  have  S(f)  =  T(f)H(f)  =  Y(f)/R(f).  Thus, 


T(f )  =  Y(f )/R(f )H(f ) ,  or. 


H(f)l 


I Y( f ) I  *  I G( f ) I 


Y(f )°*5G(f ) 


(3.19) 


optimal  | y ( f ) | 0 * 5  |H(f)l 


H  ( f ) 


(3.20) 


For  AWGN,  these  results  reduce  to: 


I ) I  optimal  = 

'T(f)l0ptimal  “  IV(f)°-5/H(f)| 


(3.21) 

(3.22) 


As  mentioned  in  section  3.1.2,  often  these  optimum  filters 
are  not  realizable.  These  results,  however,  can  serve  as 
general  guidelines  in  practical  filter  design.  In  many  PAM 
systems,  a  transmitter  filter  is  not  used,  and  the  transmitted 
signal  is  a  series  of  rectangular  pulses  with  some  high 
frequency  rolloff  due  to  source  bandwidth  limitations. 

When  shot-noise  is  considered,  the  variance  of  the 
additive  noise  is  dependent  on  the  signal  amplitude.  However, 
the  additive  noise  still  has  a  mean  of  zero.  Also,  the 
correlation  between  noise  samples  and  the  signal  level  is  zero 
(this  will  be  shown  in  the  derivation  of  the  minimum  mean- 
squared-error  equalizer).  Because  of  these  properties,  the 
optimum  filters  for  the  case  of  shot-noise  are  identical  to  the 
filters  derived  here  and  in  section  3.1.2. 

3.2.  Equalization  in  PAH  Systems 

Often,  it  is  not  possible  to  eliminate  ISI  sufficiently 
through  pulse  shaping  and  filtering.  Optimum  filters,  again, 
may  not  be  realizable,  and  sometimes  the  exact  channel 
characterist i cs  are  not  known  in  advance.  Hence,  it  is  usually 
easier  to  compensate  for  ISI  by  equalization  techniques  than  it 

is  to  eliminate  its  occurence  completely. 

Equalizers  can  be  designed  in  both  the  frequency  and  time 
domain.  For  optical  systems,  the  most  common  frequency-domain 
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equalizer  is  found  in  conjunction  with  a  high  input  impedance 
preamplifier  and  is  essentially  a  differentiator.  This 
preamplifier  -  equalizer  combination  will  be  mentioned  in 
Chap.  4,  where  it  will  be  compared  with  the  trans impedance 
preamplifier  design. 

With  sampled-time  systems,  equalizers  designed  in  the 
time-domain  tend  to  be  more  flexible  and  straightforward  than 
frequency-domain  designs.  Consequently,  this  section  will  be 
limited  to  time-domain  equalizer  designs. 

Three  equalizer  design  approaches  will  be  discussed  in 
detail;  the  first  based  on  a  peak-distortion  criterion,  the 
second  on  minimizing  the  mean-squared  error,  and  the  last  being 
the  decision-feedback  nonlinear  equalizer.  The  noise  will  be 
taken  as  gaussian  and  white,  but  the  possibility  of  shot-noise 
is  included.  Extension  of  the  results  to  colored-noise 
involves  the  inclusion  of  a  whitening  filter  as  part  of  the 
channel  response.  In  the  derivation  of  the  appropriate 
equalizers,  the  methods  found  in  the  stated  references  are 
followed,  with  appropriate  changes  to  include  multilevel 
signalling  and  shot-noise. 

The  zero-forcing  (ZF)  and  minimum  mean-squared-error 
(MMSE)  equalizers  are  realized  with  a  tapped  delay  line  (TDL). 
The  signal  to  be  equalized  is  sampled  at  a  rate  related 
(usually  equal)  to  the  system  baud  interval  T.  These  samples 
are  fed  into  a  chain  of  delay  circuits,  each  with  a  delay  equal 
to  the  sampling  interval.  The  output  signal  from  each  delay 
circuit  is  multiplied,  or  weighted,  by  some  value  (weight). 


; 
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with  all  the  weighted  outputs  going  to  a  common  summing 
amplifier.  The  output  of  this  summing  amplifier  is  the 
equalized  signal,  and  the  type  of  equalization  is  determined  by 
the  tap  weights.  Figure  3.8  shows  the  structure  of  the  TDL. 


M  *t=T 


3.2.1  The  Zero-Forcing  Equalizer 

Figure  3.9  is  an  appropriate  model  of  a  PAM  communication 
link.  Because  we  are  working  in  the  time-domain,  it  is  more 
appropriate  to  use  Z  -  transform  representations  than  frequency 
domain  representations  for  the  various  sections.  R ( z ) 
now  represents  the  convolution  of  the  transmitter  filter, 
channel  response,  and  noise-whitening  filter,  after  sampling  at 
the  rate  1/T.  C(z)  is  the  equalizer  to  be  designed,  and  nk  is 
the  value  of  the  corrupting  noise  at  the  k^  sampling  instant. 
Ik  and  Ik  are  the  transmitted  information  and  an  estimate  of 
the  transmitted  information,  respectively. 


* ' 


Fig  3.9  Equivalent  System  Model  for  Equalizer  Design. 

We  define  S(z)  =  R(z)C(z).  In  the  time  -  domain,  this  is 
represented  by: 

sk  *  s(kT)  -X  cirk-i  (3.23) 

J=-*>  J  J 


From  Figure  3.9,  we  have 


QO  CO 

I.  =  r  I,  +  )  I . s ,  •  +  )  c-n, 

k  ok  j^coJ  kM  jhtoJ  k-J 


(3.24) 


ISI  Terms 


Noise 


The  zero-forcing  (ZF)  criterion  is  not  concerned  with  the 
corrupting  noise;  its  aim  is  to  reduce  the  peak  distortion 
resulting  from  the  ISI  terms  to  zero  at  as  many  points  as 
possible.  In  order  to  reduce  the  noise,  the  C(z)  given  by  the 
zero-forcing  algorithm  should  include  a  matched  filter  [45]. 
Minimization  of  the  ISI  distortion  terms  in  Eqn.  3.24  is 
accomplished  by  setting 
1,  k=0 . 

sk  =  ' 

K  0,  k*0. 

The  Z  -  transform  of  the  s^  yields  S ( z )  =  1.  Thus, 

S(z)  =  R(z) C(z)  =  1,  or  C(z)  =  1/R(z). 

This  ZF  algorithm  is  attractive  in  its  simplicity; 
however,  because  it  does  not  consider  noise  it  is  not  optimum 
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except  for  the  ideal  case  of  no  noise.  If  the  folded  spectral 
characteristic  of  R(z)  contains  any  nulls,  however,  the  zero¬ 
forcing  equalizer  attempts  to  compensate  for  this  null  by 
introducing  infinite  gain  at  that  frequency.  This  results  in 
infinite  noise  enhancement  and  the  SNR  going  to  zero. 
Adaptation  of  the  above  algorithm  to  a  finite  length  equalizer 
involves  a  minimization  problem  with  no  general  solution. 
(There  is  a  global  minima,  but  no  relative  minima).  However,  if 
the  signal  distortion  defined  as 


t>0  *  I  I r  I / 1 r  t  (3.25) 

0  n«  0 

is  less  than  unity,  the  solution  to  the  finite  length  ZF 
equalizer  is  known.  For  an  equalizer  having  (2L*1)  taps,  the 
solution  is  to  set 


1,  k=0 

< 

0,  k=  -L,  -L+l,...,  -1,  1,  2,...,  L. 


(3.26) 


This  solution,  however,  is  optimum  (in  terms  of  reducing  the 


ISI)  only  if  D0  =  1. 

The  performance  of  the  ZF  equalizer  strongly  depends  on 
the  spectral  characteristic  of  the  unequalized  signal.  If  the 
spectral  response  contains  any  nulls,  the  equalizer  performance 
is  very  poor  due  to  excess  noise  enhancement.  If  the 
distortion  is  too  high  (D  >  1),  the  appropriate  equalizer  tap 
weights  become  difficult  to  find,  and  the  algorithm  loses  its 
simplicity.  Furthermore,  because  the  ZF  algorithm  does  not 
consider  noise,  it  is  not  optimum.  Consequently,  the  minimum 
mean-squared-error  algorithm  is  frequently  used.  [45] 


« 
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3.2.2  The  Minimum  Mean- Squared-Error  Equalizer 


The  zero-forcing  algorithm  was  only  concerned  with 
minimizing  the  ISI  terms  in  Eqn.  3.24.  The  MMSE  algorithm, 
however,  is  concerned  with  minimizing  the  square  of  the 
estimation  error,  ek.  given  by 

ek2  “  die  -  h)2  d-27> 

From  Figure  3.9, 

CD 


and 


vk  *  I  Vk-n  +  nk 

n=-ao 

/s  ®  O 

!k  *  I  (cjvk-i> 
j  =  -® 


Thus,  e  2  =  (I 


CD 

’•I  cjvk-j 

J  =  *CD  J  J 


) 


(3.28) 

(3.29) 

(3.30) 


When  e^  is  minimized,  e^  is  orthogonal  to  the  received, 
unequalized  data  { v ( k ) } .  Following  Proakis  [45],  we  want  the 
correlation  between  the  error  and  the  data  to  be  zero.  With  E 


denoting  "the  expected  value  of",  we  thus  set 
^  ekvk-l 1  =  °* 

This  expression  is  easier  to  solve  than  minimizing  the  e  ^ 
expression,  with  the  same  results.  Expanding  this  gives 


(3.31) 
2 


oo 


(3.32) 


.  I  cjE(vk-jvk-l>  *  Edkvk-P- 

J  =  -CD  J 

Substituting  for  v^  with  Eqn.  3.28, 

/CO  00  ★  ®  * 

E(vk-ivk-1 )  =  E{  Z  rmIk- j-m  £  Vk-l-n  +  J-  ( rmIk-j-m)  Vl 

K  J  K  1  vm=-co  J  n=-®  m=-co 

+  (  t  Vk-l-n)nk-j  +  nk-jnk-l}- 


(3.33) 


n=-oo 


Each  of  these  terms  can  be  reduced. 


.  --  v> 


With  uncorrelated  data,  E(Iki  1 )  =  I2  <5k .  Thus,  the  first 
term  is  zero  except  when  j+m  =  1+n.  Hence,  this  term  reduces  to 


rm^k-j-m  ^  rn^k-l-n)  *  Z  rnrl+n-j 

m=-co  °  n=-co  n=-co  J 


(3.34) 


The  appropriate  shot-noise  model  equivalent  to  Eqn.  2.5  is 


On2  -  Oo2  +  £'V  -  Oo2  +Z\trkhJ-  <3-35> 

k=-co 

While  the  noise  variance  is  dependent  on  the  information,  the 
noise  mean  is  not.  Consequently,  the  second  and  third  terms 
reduce  to  zero: 


CO 


co 


co 


^nk-l  Zrm*k-j-m)  =  ^(nk-j  Zrn*k-l-n)  ^(nk)  Z  ^(rp^q-p)  ® 

m=-co  n=-oo  p=-oo 

(3.36) 

The  noise  samples  in  term  4  of  Eqn.  3.33  are  uncorrelated 
except  when  j=l.  Thus, 

E(nk-Jnk-1>  =  E(  CTi2)  ■  (CT02  +  F'l£jn\)8v  (3-37) 

Equation  3.32  can  now  been  reduced  to  Eqn.  3.38: 


E(VJV1>  ■  +  <  <V+  <3' 

We  now  need  to  consider  the  right-hand  term  in  Eqn.  3.32: 


38) 


E(Vk-l)  =  E(Jk  T.  rnIk-l-n>  '  E<1knk-1)  =  l2r-l-  (3-39) 


n=-oo 


Substituting  Eqns.  3.38  and  3.39  into  3.32  results  in: 

J  n=-oo  n=-co 


40) 
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By  taking  the  Z  -  transform  of  this  and  defining 

N  -{  CT02  -  £r|  Yj  rnl)2/l2>  (3-41) 

n=  - 

the  MMSE  equalizer  is  given  by 

C(z)  =  R*(z_1)/(R(z)R*(z_1)  ♦  N  .  (3.42) 

Notice  that  this  equalizer  includes  a  d i screte-t ime  matched 
filter.  This  result  is  expected,  because  of  the  inclusion  of 
noise  distortion  in  the  equalizer  design.  For  N  =  0,  the 
algorithm  is  identical  to  the  zero-forcing  algorithm.  The  above 
equalizer  design  is  for  an  infinite  length  equalizer  and 
channel  memory.  However,  actual  channels  have  a  finite  number 
of  ISI  precursor  and  postcursor  terms.*  The  maximum  number  of 
precursor  or  postcursor  terms  will  be  called  M.  Also,  all 
realizable  equalizers  have  to  be  finite  in  length.  The  length 
will  be  defined  as  (2L-1)  and  represents  the  number  of  taps  in 
the  equalizer.  With  these  restrictions,  a  more  appropriate 
form  for  the  equalizer  than  Eqn.  3.42  can  be  obtained. 
Defining 

M  *  c 

=  £^rnri  +  n_j  +  N^jl»  =  -L+l ,  — 0  ,  —  ,L  (3.43) 

and  ^  (3.44) 

the  appropriate  expression  equivalent  to  Eqn.  3.40  is: 

^optimal  ’  or-  CODtimal  ^  *£• _ (3-45) 

1 1 f  the  received  shape  for  an  isolated  pulse  is  drawn  in  the 

time  domain  and  sampled  at  times  t=kT,  the  "cursor"  term  refers 
to  the  pulse  peak  or  near-peak  sample.  The  terms  sampled  before 
and  after  this  peak  are  precursor  and  postcursor  terms 
respectively,  and  cause  ISI  with  adjacent  pulses. 
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3.2.3  Decision  -  Feedback  Equalization 

In  linear  equalizers,  equalization  is  performed  with  a 
noise  -  enhancement  penalty.  A  better  approach  would  be  to 
eliminate  the  interfering  terms  in  such  a  way  as  not  to  incur 
noise  enhancement. 

DFE  is  a  method  of  removing  ISI  terms  arising  from  the 
tails  (postcursors)  of  the  past  pulses  without  any  subsequent 
noise  penalty.  To  do  this,  the  decoded  data  is  used  to 
estimate  the  ISI  term  affecting  the  present  data.  This 
estimate  of  the  ISI  is  subracted  from  the  incoming  data, 
thereby  removing  any  ISI  caused  by  previous  data.  In  the 
absence  of  decoder  errors  and  with  an  accurate  ISI  model,  the 
estimated  ISI  will  be  very  close,  if  not  equal  to,  the  actual 
ISI  caused  by  previous  pulses.  Because  the  decoded  pulses  are 
derived  from  the  incoming  pulses  through  a  non-linear  decision 
device,  the  resulting  equalizer  is  non-linear.  This  non-linear 
decision  process  also  means  that  the  estimated  ISI  will  be 
based  on  decoded  and  hence  noiseless  (except  when  a  decoding 
error  is  made)  data,  as  opposed  to  the  noisy  data  entering  the 
decision  device. 

DFE,  however,  cannot  remove  any  ISI  caused  by  pulse 

4 

precursors,  as  the  pulses  contributing  these  precursors  have 
not  been  decoded  as  yet.  This  ISI  has  to  be  removed  through 
another  equalization  method,  the  most  common  being  one  -  sided 
MMSE  or  ZF  equalization.  [27  ,45,50-52] 
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The  overall  equalizer,  including  a  leading  linear 
equalizer  to  remove  any  ISI  caused  by  future  data,  is  depicted 
in  Fig.  3.10. 


Fig.  3.10  The  Decision  -  Feedback  Equalizer 
with  a  leading  Linear  Equalizer. 

Both  C(z)  and  B(z)  are  based  on  TDL's,  and  their 
appropriate  tap  weights  have  to  be  found.  The  data  stored  in 
the  B(z)  delay  circuits  is  previously  decoded  data,  and  the  tap 
weights  for  B(z)  are  chosen  to  model  the  ISI  caused  by  the  data 
held  in  the  delay  line.  C(z)  only  has  to  remove  the  ISI  caused 
by  future  data,  and  hence  is  one  -  sided  in  its  design. 
Letting  the  length  of  C(z)  be  L,  the  length  of  B(z)  be 
infinite,  and  the  channel  memory  be  *M,  we  have 

0  oo  M 

C(z)  =  Z  ckz"k,  B(z)  =  Ibkz'k,  and  R(z)  =  £  fkz’k* 
k=-L  k  k=l  K  k=-M 

0 

Defining  W(z)  =  C(z)*R(z),  or,  Wp  =.Z^cjrp-j»  we  can  wr^e 
Ik  =p-HWpIk'P  +j=?LCj,lk'j  ’  n?ibnIk’n‘ 


(3.46) 


Thus, 


6k  *  dk-Ik)  -  Ik  j£L'j"k-j  -p£„WPIk-P  'p^iVk-p  -j^Vk-n 

0r  ek  =  Xk  j£Lcj"k-j  -p£MVk-p  -^K-bnJIk-n  +J+1»nIk-n- 

(3.47) 

From  this  expression,  it  is  evident  that  E ( e^ 2 )  will  be 
minimized  when  [27]: 


f 

0 

r-» 

n  “  < 

wn 

=j=4LCjrn-j 

,  n=l 

2  M 

M+l,  M+2 . 

(3.48) 

0, 

n= 

0 

0 

Then 

ek 

■  ik  -  .L. 

J=-L 

cjnk-j 

'p?-MWPIk'P' 

(3.49) 

• 

Substitution  for  Wp 

gives 

0 

0 

0 

ek  ■ 

Ik 

p-M 

c  J  rP— j 1  k- p  • 

(3.50) 

Let  u=p-j.  Then,  Eqn.  3.49  can  be  modified  to  read: 


ek  =  Ik 


+  nk-j>- 


(3.51) 


Letting  zk-j  "u..Pjr“Ik-i-U  *  nk‘J 


results  in 


(3.52) 


6k  =  1  k  "j  ^Lcjzk-j  * 


The  input  data  stream,  {v^},  can  be  expressed  as 

M 


*  Z.Vk- 


n=-M 


nAk-n  "k 


+  n., . 


(3.53) 


(3.54) 


As  was  the  case  for  the  MMSE  equalizer  previously  considered  in 

★ 

section  3.2.2,  the  optimum  C(z)  satisfies  E(ekvk_-,)  =  0. 


' 


Substituting  for  with  Eqn.  3.53,  this  expression  gives: 

*  _9,  * 

E(Vt.1  c  jzk- j )  =  E(  Ikvk-l  ^ »  or»  rewritin9» 

3  ■* 

Jl  *  * 

I  cjE(zk-jvk-l)  "  E^kvk-1^*  (3.55) 

J  ^ 

This  equation  is  similar  to  Eqn.  3.32  derived  for  the  MMSE 
equalizer  alone.  The  right  -  hand  side  was  evaluated  to  be 

E(Ikvk-l)  =  1  r-T 

The  expression  E(z^_ ^  v  -j )  can  be  reduced  just  as  for  the 
earlier  MMSE  equalizer.  The  result  is 


E(zk-jvk-l)  *  1^n__^_Hrnrn+l-j  +  j2n  ^jV 


(3.56) 


where  N  is  defined  by  Eqn.  3.41.  We  now  have  the  result 


(3.57) 


-1 


We  can  define  =  Z  rnr1+n_j  +  N  -j  •  jJ=  -L,  -L+1....0 

V  *  0  (3.58) 

and  C]  =  r  _r  (3.59) 

Again,  M  is  the  channel  memory  length.  These  expressions  are 

very  similar  to  Eqns.  3.43  and  3.44,  the  difference  being  due 

to  the  one-sided  nature  of  C(z).  As  before,  C0ptimal  =1  • 

Again,  the  feedback  equalizer  tap  weights,  from  Eqn.  3.48,  are 

0 

bn  cjrn-j>  ,2,3,. .  .M. 

j=-L  J  J 

Notice  that,  although  we  started  by  allowing  the  length  of  B(z) 
be  infinite,  it  only  needs  to  be  as  long  as  the  channel  memory. 


■ 


t  -•  V  nM  ll*,N 


3.2.4  Residual  Distortion  in  the  Equalizer  Designs 

The  performance  of  the  three  equalizer  types  discussed  can 
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be  compared  by  determining  the  remaining  signal  distortion  at 
the  output  of  each  equalizer.  [45] 

The  distortion  includes  both  noise  and  remaining  ISI,  and 
is  denoted  by  J.  Letting  Jmaximum  '  1.  f°r  the  linear 
equalizers  we  have  I2J  =  E 1 1 k- lkl 2  =  E ( ®kI k )  -  E ( ek f k ) 

=  E(IkI*)  -  E(IkIk)  -  E(IkIk)  *  E(IkIk)  (3.60) 

The  second  term,  upon  substitution  of  Eqn.  3.28  and  3.29,  with 

the  constraint  of  a  finite  length  equalizer,  becomes 


L  M 

=  E((.Z  cj(  ZMrn*k-j-n  +  nk-j^^k^ 
j=-L  n=-M 

=JZLcj[E(nZMrnIk-j-nIk)  +  =  ^ 

Likewise,  the  third  term  becomes 


c  •  r 
J 


(3.61) 


-L 


★  ★ 


'(Vk)  ■  !:iL  y-j* 

The  last  term  can  also  be  reduced: 


(3.62) 


E(Ik?k)  -  EcjELcJ''k_jlZLc1vk_n) 

’Aci£ic 

* 1  °»3  * 511  1 5j,)  l3'131 


Thus,  the  normalized  distortion  is 
L 


L**  _k  i  *  —  * 


M 


J  -  1  -  I  c,r  ,  -  I  c.r.  *T  T  CjC,(  E  VUn-j 
j^L  ^  ^  j£ri_  J  J  j=-L  1  =  -L  J  n=-M 


♦N  6j,)- 
(3.64) 


' 


Substituting  with  £-j  and  I^-j  (Eqns.  3.43  and  3.44), 


(3.65) 


or,  in  matrix  form,  J  =  1  -  CT£*-  (CT)*£  +  (CT)*  Tc.  (3.66) 


For  C  =  C 


optimal 


■  r-^ 


and  C 


optimal 


=  pir1) T. 


(^TA[  rvft 


(SVirr^Tr^ 


=  l 


-  c^*  = 


1  ■  £  cjr-i 
j=-L  J  J 


For  real  coefficients,  J  =  1  +  -  it,) 

a"d  Ominimum  '  1  '  1  ' 

The  SNR  can  be  related  to  J  [17]:  SNR  =  (1-J)/J. 
Consequently,  SNR^^  -  (^Tr-^)/(i  - 


(3.67) 

(3.68) 

(3.69) 

(3.70) 

(3.71) 


For  the  decision-feedback  equalizer,  the  above  results 
apply  when  the  one  -  sided  expressions  for  r  and  £  are  used. 
The  equivalent  expression  to  Eqn.  3.65  is 

JDFE  ’  1  -iL^  -.fLC*  +1fLcl(.ZLCj  Ijl)-  (3.72) 

With  the  use  of  Eqns.  3.57  to  3.59,  the  minimum  distortion  for 
the  DFE  equalizer  (with  a  leading  MMSE  equalizer)  is 

0 


’min., DFE  *  1  'TLcjr-j  =  1  *  > 


(3.73) 


as  for  the  MMSE  equalizer. 


' 
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3.2.5  Equalizer  Design  Procedure  Examples. 

The  residual  distortions  found  in  the  last  section  offer 
little  physical  insight  into  the  performance  differences 
between  the  three  equalizers.  Hence,  the  three  design 
procedures  derived  in  Sections  3.2.1  to  3.2.3,  will  be  briefly 
outlined  for  a  hypothetical  channel. 

The  sampled  channel  response  to  a  unit  pulse  is  given  by 
R  =  [  ,  rQ,  r^  ]  =  [  0.1,  0.8,  0.3  ].  This  channel  has  only 
one  precursor  and  one  postcursor,  and  hence  M=l.  The 
postcursor  term  is  larger  than  the  precursor  term,  which  is 
typical  for  fiber  channels.  This  suggests  that  DFE  should 
perform  significantly  better  than  the  linear  equalization 
methods. 

_  p 

The  normalized  noise,  N,  will  be  taken  as  10  .  The 
linear  equalizers  will  be  limited  to  3  taps  so  that  the  design 
procedure  is  kept  relatively  simple.  The  decision  -  feedback 
equalizer  will  have  two  feedforward  (linear  equalization)  taps 
and  one  feedback  term. 

1.  The  ZF  Design. 

First,  the  signal  distortion  term,  DQ,  has  to  be  found. 
From  Eqn.  3.25,  DQ  =  (0.1  ♦  0.3)/0.8  =  0.5.  Since  DQ<1,  the 
solution  to  the  equalizer  design  is  given  by  Eqns.  3.23  and 


3.26: 


< 


K 
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c-lro  +  corl  =  °- 
c-lrl  +  Coro  '  1- 
c0rl  *  clro  =  °- 

In  matrix  form,  with  r_^t  rQ,  and  r^  substituted: 


’8  .1  0" 
.3  .8  .1 

*c-i’ 

C0 

mm 

V 

1 

0  .3  .8 

Lci  J 

0 

r  c  ^ 


The  solution  to  this  matrix  is  c_^  =  -0.1724,  cQ  =  1.379  ,  and 
Cl  =  -0.5172.  (The  numeric  accuracy  will  be  kept  to  ensure  the 
equalizer  distortion  derived  later  will  be  accurate.) 


2.  The  MMSE  Design  Procedure. 

For  this  equalizer,  we  need  to  find  the  as  defined  by 

Eqn.  3.43,  for  j , 1  =  -1,  0,  1: 


Fi,-i =  r0,0 

Fi,o =  To,-i 


Fi.i =  n,-i 

From  these  I^-j 

0.75  0.32 

0.32  0.75 

0.03  0.32 


T"1  -  r  2  +  r  2  +  r  2  + 

'  ■*■1,1  r-l  o  '1 

"  r0fl-  n.o =  r-iro +  vi 

=  r-iri 

and  from  Eqns.  3.44  and  3.45: 


0.75 

0.32 

0.03 


0.03 

0.32 

0.75 


-1 

co 

LC1  . 


0.3 

0.8 

0.1 


Solving  this  matrix  gives  the  tap  weights  c_^  =  -0.1399, 
c  =  1.305,  and  cx  =  -0.4177.  Notice  that  these  tap  weights 
are  close  to  the  ones  found  for  the  ZF  equalizer.  This 
suggests  that  the  system  noise  N  is  relatively  small  in 
comparison  to  the  ISI  distortion.  The  equalizer  residual 
distortions  for  the  two  equalizers  will  be  almost  the  same. 


< 


' 


1  i 


3.  The  DFE  Design  Procedure. 


In  order  to  keep  the  total  number  of  taps  to  three  (so 
that  a  valid  comparison  between  the  three  equalizers  can  be 
made),  the  linear  portion  of  this  equalizer  will  have  only  two 
taps  (j,l  =  -1,0).  From  Eqn.  3.58, 

Fi,-i  ■  r-i2  +  ro2  +  ri2  +  N  =  °-75- 

T-1,0  =  r-lro  +  rorl  =  °-32- 

To, -l  =  ror-l  +  rlr0  ■  °-32- 

Io.O  =  ---l2  +  +  N  =  °-66- 

The  difference  between  these  Xj i  and  the  Iji  corresponding 

to  a  two-tap  MMSE  design  is  that  I^i0  =  F-i.-i-  The  T\  term 
is  missing  in  1q  q  as  a  consequence  of  the  one-sided  nature  of 
this  linear  equalizer.  The  forward  equalizer  taps  are  given 

by: 


0.75 

0.32" 

’c-l* 

= 

0.3" 

0.32 

0.66 

_co  . 

0.8 

Thus,  c  =  1.2838  and  c_1  =  -0.1478.  The  feedback  tap  value, 
from  Eqn.  3.48,  is 

bj  =  c.^2  +  cQr^  =  0.3851  . 


.  4  -  .  :  . 


4.  Residual  Distortion  in  the  Designed  Equalizers. 

The  residual  distortion  for  the  ZF  equalizer  is  derived 

MMSE ’  °"u  >-  ‘  '•'ZF' 


from  Eqn.  3.68,  with  TfiMSE ’  and  C  =  C 


Jzf=1+[-0.172  1.379  -0.517] 
=  0.0464. 


0.75  0.32  0.03 
0.32  0.75  0.32 

-0.172 

1.379 

-2 

0.3 

0.8 

0.03  0.32  0.75 

-0.517 

0.1 

The  SNR  corresponding  to  this,  in  dB,  is 

SNR2F  =  201og( ( 1- J)/J)  =  26.3  dB. 

For  the  MMSE  equalizer,  either  the  above  expression,  with 
C  =  ^MMSE*  or  ^he  rec,uced  Eqn.  3.69,  gives  =  0.04008. 

Thus-  snrmmse  *  27.6  dB. 

For  DFE,  from  Eqn.  3.73,  JDFE  =  =  0.01732. 

Thus,  SNRqp^  =  35.1  dB. 

For  the  same  complexity  (3  taps),  the  DFE  equalizer  SNR  is 
7.5  dB  and  8.8  dB  better  than  the  SNR's  for  the  ZF  and  MMSE 
equalizers  respectively.  If  there  were  complete  ISI 
cancellation  with  no  penalty  (ignoring  the  shot-noise  that  the 
ISI  would  cause),  the  SNR  would  be*: 

SNRn0  ISI  =  201og(ro/N)  =  38.1  dB. 

With  this  SNR  as  a  reference,  the  decision-feedback  equalizer 
has  a  penalty  of  3  dB,  the  MMSE  equalizer  has  a  10.5  dB 
penalty,  and  the  ZF  equalizer  has  a  11.8  dB  penalty.  This 
justifies  the  use  of  DFE  in  the  experimental  system  over  the 
other  types  of  equalization. 


*This  is  not  the  optimum  SNR  available  with  any  form  of 
equalization,  as  the  signal  information  available  from  the 
precursor  and  postcursor  terms  is  being  discarded. 


, 
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CHAPTER  4.  THE  EXPERIMENTAL  4  LEVEL  PAM  SYSTEM 


In  Chapter  2,  the  possible  benefits  of  multilevel 
signalling  and  equalization  for  dispersive  multimode  fiber 
systems  were  investigated.  In  this  investigation,  the  use  of 
DFE,  which  would  allow  the  system's  maximum  baud  rate  to  be 
doubled  with  a  3.5  dB  power  penalty,  was  assumed.  In  Chap.  3, 
both  optimum  filtering  and  equalization  were  considered  as 
methods  of  eliminating  or  controlling  any  ISI  that  may  occur. 
For  practical  systems,  the  topic  of  optimum  filtering  is 
largely  an  academic  topic,  and  some  degree  of  equalization  is 
necessary.  For  multimode  fiber  systems,  DFE  appears  to  be  much 
superior  to  either  ZF  or  MMSE  equalization.  In  fact,  for  a 
typical  850  nm  fiber  response,  it  has  been  shown  that  DFE,  even 
without  a  leading  precursor  equalizer,  is  superior  to  the 
optimum  linear  (Kalman  filter)  equalizer  [49]. 

This  chapter  is  concerned  with  the  design  of  a  4  level  PAM 
multimode  fiber  system  with  one  -  tap  DFE.  The  objective  of 
this  experimental  system  is  to  demonstrate  the  thus  far 
theoretical  benefits  of  multilevel  signalling  and  DFE  discussed 
in  Chapters  2  and  3.  Figure  4.1  is  a  block  diagram  of  the 
experimental  system,  which  should  be  compared  to  Fig.  1.1,  the 
more  general  optical  system  block  diagram.  Most  of  the 
differences  between  these  two  diagrams  lie  in  the  receiver 
sections,  and  hence  will  be  discussed  in  conjunction  with  the- 
experimental  receiver  design.  Each  of  the  components  of  Fig. 
4.1  will  be  discussed  below. 


89 


' 


* 


90 


U  r— 

OJ  03  «— 
>  U  OJ 

•r—  *r-  c 

OJ+J  c 
U  Q.  1C 
O)  o  JO. 
DC  C_> 

& 

air  i. 
r  +j  m 
4->  .o 

03 

o  •*-  u_ 

H-  > 


L.  CD 
*T3 


1_ 

ai 

•o 

o 

o 


ai 

> 

o 


3 

O 


u 

03 

C 


CD 


a> 


E 

to 

c 

ro 

i- 


03 


•r-  *o 
CD 


<D 

>N  -4-1  4-> 
U  ID  3 


i- 

<D 

> 

ai 

<_> 

QJ 

CL 


03  r- 
U  OJ 
•f-  C 
4J  C 
Q_  ro 
O  -c 
(_> 
<U 

rr  t. 
4~>  QJ 
-O 
03  •«“ 


The  Experimental  4  -  Level  PAM  System. 


4.1  The  Optical  Fiber 


In  order  to  have  an  affordable  dispersion-limited  system 
(as  opposed  to  an  attenuation- 1 imited  one),  a  fiber  with  a 
sufficiently  low  bandwidth  to  ensure  significant  ISI  at 
moderate  bit  rates  was  chosen.  The  fiber  selected  was  Siecor's 
Super-Fat  Fiber  Cable  1155.  This  multimode  fiber  has  the 
following  properties  [53]: 

a)  A  high  numerical  aperature  of  0.4. 

b)  An  attenuation  of  35  dB/km  at  830  nm. 

c)  A  minimum  modal  BOP  of  5  MHz-km. 

This  fiber  is  intended  for  short-haul  applications  such  as 
in  power  system  communications;  hence  it  has  poor 
characteristics  for  medium-distance  communications.  The  length 
used  was  670  m;  from  the  specifications,  this  length  should 
result  in  a  channel  loss  (excluding  connector  loss)  of 
approximately  20  dB.  Since  this  fiber  has  such  a  low  modal 
bandwidth,  and  because  the  fiber  length  is  under  1  km,  the 
fiber  bandwidth  estimate  is  SMHz’km/O^  km  =  7.5  MHz. 

The  maximum  expected  symbol  rate  for  this  channel,  with  no 
appreciable  ISI  and  without  elaborate  filtering,  is  7.5  to  10 
Mbaud/s.  With  equalization,  operation  at  baud  rates  above  the 
channel's  estimated  Nyquist  baud  rate  of  15  Mbaud/s  may  be 
possible,  and  consequently  the  system  components  should  be 
capable  of  20  Mbaud/s  operation.  For  a  4-level  signal,  this 
translates  into  40  Mb/s  as  an  appropriate  design  value. 


' 


4.2  The  Transmitter 


The  requirements  for  the  transmitter  are: 

1.  Compatabi 1 ity  with  a  binary  NRZ  digital  (TTL  or  ECL) 
input. 

2.  Conversion  from  2  to  4  level  coding,  with  adjustable 
level  spacing  and  optical  power  output. 

3.  Capability  of  operation  at  up  to  40  Mbit/second. 

4.  Optical  output  at  a  wavelength  around  830  nm  for 
compatabi 1 ity  with  the  optical  fiber. 

Referring  to  Figure  4.1,  the  1-line  to  2-line  encoder  in 
the  transmitter  converts  the  incoming  binary  (NRZ  format)  data 
stream  into  two  binary  data  streams.  Each  of  these  data 
streams  has  a  bit  rate  half  that  of  the  input  binary  data 
stream.  These  two  lines  go  to  a  2-to-4  line  selector,  which 
activates  an  appropriate  output  line  depending  on  the  status  of 
the  two  input  lines.  The  level  generator  (which  is  a  simple 
resistive  divider)  produces  a  4  level  signal  whose  amplitude  is 
determined  by  the  status  of  these  4  lines,  and  this  4  level 
signal  controls  the  driver  and  hence  the  optical  source 
intensity. 

The  optical  source  chosen  is  Northern  -  Telecom's  high 
radiance  LED  #NT  40-3-30-3.  The  optical  3  dB  bandwidth  of  this 
LED  is  44  MHz  (typically),  its  emission  wavelength  is  830  nm, 
and  its  FWHM  spectral  width  is  typically  40  nm  [54]. 

In  order  to  minimize  the  probability  of  error  upon 
reception.  Gray-coding  [55]  is  used  such  that  only  one  bit  of 
the  two  represented  by  each  of  the  four  levels  is  changed  in 
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transitions  between  adjacent  levels.  With  Gray  coding,  the 
erroneous  decoding  of  a  received  signal  level  as  being  an 
adjacent  level  results  in  only  a  one  bit  error,  as  opposed  to  a 
possible  two  erroneous  bits  with  another  coding  scheme. 

Figure  4.2  shows  the  transmitter  schematic,  along  with  the 
associated  coding.  The  division  of  the  input  stream  into  two 
data  streams  is  accomplished  with  flip-flops  and  gates  (IC1  to 
IC4).  IC5  is  the  2-to-4  line  selector,  and  the  potentiometers 
PI  to  P4  generate  the  4  level  signal.  These  potentiometers 
allow  for  adjustment  of  each  signal  level.  The  transistor 
driver  stage  converts  the  4  level  voltage  signal  into  an 
appropriate  LED  current. 

4.3  The  Optical  Receiver 

Comparing  Fig.  4.1  to  Fig.  1.1,  the  following  differences 
are  evident: 

1.  The  problem  of  clock  recovery  was  not  considered  in 
this  thesis,  although  in  a  practical  system  it  would 
have  to  be  included.  Much  literature  is  available  on  this 
topic  [56-58]. 

2.  Automat i c-ga i n- contro  1  was  used  in  conjunction  with 
the  main  amplifier,  but  not  with  the  optical  detector  and 
preamplifier.  Rather,  the  detector  bias  voltage  could  be 
externally  controlled  for  maximum  system  flexibility.  (For  most 
of  the  measurements,  the  recommended  operating  voltage  for  the 
optical  detector  was  used  because  the  character i st i cs  of  the 
detector  are  stated  for  this  voltage.) 
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Fig.  4.2  Transmitter  Schematic  and  Coding. 


3.  In  order  to  evaluate  the  effectiveness  of  DFE  alone, 
linear  equalization  was  not  used  in  the  receiver.  This 
decision  was  made  with  regard  to  the  results  of  Kasper  [28], 
who  showed  that,  for  simulated  binary  PAM  systems,  DFE  with 
optimum  timing  and  no  precursor  equalizer  was  almost  as 
effective  as  "pulse-peak  timed"  DFE  with  a  leading  equalizer. 
The  subject  of  optimum  timing  will  be  explained  in  Chapter  6. 

4.  The  filter  used  in  the  experimental  system  was 
incorporated  into  the  preamplifier  design;  it  can  be  controlled 
somewhat  through  the  DC  biasing  of  the  preamp! if ier.  Although 
optimum  signal  filters  in  both  the  transmitter  and  receiver 
would  have  increased  the  overall  receiver  sensitivity,  enough 
information  on  the  channel's  dispersion  characteristics  was  not 
known  in  advance  to  design  proper  filters.  An  integrate-and- 
dump  filter  in  the  receiver  would  have  been  feasible,  but  would 
have  complicated  the  decoder  and  equalizer  design,  especially 
for  operation  at  varying  baud-rates. 

Hence,  the  overall  receiver  design  was  relatively 
straightforward,  except  for  the  preamplifier.  Although  much 
attention  has  been  given  to  optical  preamplifier  design  in  the 
literature,  emphasis  will  be  placed  on  the  experimental 
preamplifier  in  this  chapter  because  it  is  the  most  critical 
and,  in  terms  of  design,  most  complex  portion  of  the  system. 
The  design  details,  however,  are  left  to  Appendix  B. 
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4.3.1  The  Optical  Detector  and  Preamplifier. 

To  approach  the  maximum  baud  rate  that  can  be  supported  by 
a  fiber  channel  without  incurring  excessive  ISI,  the  receiver's 
optical  detector/preamplifier  (ODP)  combination  has  to  have  a 
much  higher  bandwidth  than  the  channel.  However,  noise 
considerations  require  that  the  ODP  bandwidth  be  as  small  as 
possible;  consequently,  a  compromise  must  be  made.  This 
tradeoff  manifests  itself  as  a  decrease  in  receiver  sensitivity 
as  its  bandwidth  is  increased,  as  illustrated  by  Fig.  2.2. 

Proper  preamplifier  design  and  detector  choice  therefore 
involves  both  sensitivity  and  bandwidth  considerations. 
Furthermore,  for  economic  reasons,  the  receiver  has  to  be 
applicable  to  as  many  systems  as  practicable.  A  design  that  is 
optimum  for  one  power  level  may  saturate  at  a  slightly  higher 
level,  thus  making  the  device  useful  for  only  a  narrow  range  of 
applications.  For  both  commercial  applications  and 
experimental  ones  such  as  this,  the  received  power  may  vary 
over  such  a  range  that  a  large  receiver  dynamic  range  is 
essential . 

The  bandwidth  associated  with  an  ODP  is  primarily 
determined  by  the  time- constant  associated  with  the 
preamplifier's  input  capacitance  and  the  resistance  seen  by 
this  capacitance.  The  input  capacitance  consists  of  the 
parallel  combination  of  the  detector  capacitance,  the 
capacitance  of  the  first  amplifying  device,  and  the  wiring 
capacitance.  Usually,  it  is  not  under  designer  control  (with 
the  exception  of  Mil  1 e r  capacitance)  save  through  device 
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selection  and  circuit  construction  practices.  The  resistance 
seen  by  this  capacitance,  however,  can  be  controlled  by  the 
designer.  With  this  in  mind,  two  broad  categories  of  optical 
receiver  preampl if iers  have  emerged,  one  based  on  a  high  input 
impedance  design,  and  the  other  with  a  relatively  low  effective 
input  impedance. 

Again,  of  the  two  types  of  signal  degradation  that  are  of 
concern  here  (noise  and  I S I ) ,  ISI  is  deterministic.  Stochastic 
noise,  on  the  other  hand,  is  random  and  cannot  be  compensated 
for  in  any  fashion.  The  high- impedance  (HI)  design  recognizes 
this  and,  by  making  the  preamplifier  input  resistance  large, 
reduces  the  thermal  noise  associated  with  this  resistance.  The 
resulting  time-constant  is  large  relative  to  the  baud-interval , 
and  severe  ISI  occurs.  Equalization  is  therefore  required  to 
compensate  for  the  partial  signal  integration  performed  by  the 
preamplifier  input  network.  The  philosophy  is  that  this 
equalization  can  be  performed  after  amplification  of  the 
detected  signal,  so  that  the  overall  noise  figure  of  the 
preamplifier  is  minimized.  Although  the  required  equalization, 
which  is  often  in  the  form  of  a  d i f f erent i ator ,  results  in 
noise  enhancement,  the  preamplifier  noise  is  still  kept  small 
in  comparison  to  the  signal  shot  noise,  and  some  net 

sensitivity  gain  is  achieved. 

In  contrast  with  the  above  type  of  preamplifier  is  the 
design  aproach  resulting  in  a  sufficiently  low  input  impedance 
such  that  the  associated  time-constant  is  comparable  to  or 
smaller  than  the  baud  interval.  This  results  in  a  higher  input 
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thermal  noise  level  than  the  HI  design;  however,  because  little 
or  no  signal  distortion  is  introduced  by  the  receiver,  no 
compensating  equalization  is  required.  (Of  course,  some  may  be 
required  to  correct  for  the  channel  distortion  incurred.) 

Most  optical  detectors  are  current  sources,  whereas  signal 
decoders  usually  compare  voltage  levels.  Consequently,  the 
majority  of  low  input  impedance  preamp! if iers  perform  a  current 
to  voltage  conversion  and  are  aptly  called  transimpedance  (TI) 
preamplifiers.  Feedback  is  usually  added  to  lower  the 
effective  input  resistance  while  keeping  the  actual  physical 
resistance  high.  Thus,  feedback  increases  the  ODP  bandwidth 
without  increasing  its  thermal  spot  noise.  Feedback  also 
increases  the  dynamic  range  of  the  ODP;  often  this 
consideration,  and  not  noise  and  bandwidth  ones,  determines  the 
amount  of  feedback  used.  If  noise  were  the  only  consideration, 
enough  feedback  could  be  applied  to  provide  a  physical  input 
resistance  as  high  as  in  the  HI  design  while  keeping  the 
effective  input  resistance  low,  so  that  noise-enhancing 
equalization  is  not  required.  However,  to  do  this  the 
preamplifier  must  possess  a  high  open-loop  voltage  gain, 
leading  to  instability. 

A  comparison  of  the  two  designs  shows  that  the  HI 
preamplifier  has  a  slightly  greater  sensitivity  than  the  TI 
design,  for  comparable  bandwidths.  However,  the  HI  design 
requires  careful  equalization  to  accurately  compensate  for  its 
introduced  signal  distortion.  Because  of  device  manufacturing 
variations,  this  equalization  usually  has  to  be  tailored  to 
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individual  units;  obviously,  this  is  not  commercially  feasible. 
Also,  because  of  the  partial  integration  in  the  HI 
preampl if iers,  the  first  stage  of  the  design  can  saturate 
easily,  resulting  in  a  low  dynamic  range.  The  TI  preampl if ier, 
in  contrast,  does  not  have  this  inherent  problem. 

Thus,  HI  preamplifiers  are  used  only  for  applications 
requiring  the  utmost  sensitivity;  for  most  systems,  a  TI 
preamplifier  is  preferred.  Furthermore,  with  the  TI 
preampl if ier,  the  designer  has  enough  control  over  the  input 
resistance  so  that  some  front-end  signal  integration  can  occur 
if  desired.  A  TI  preamplifier  was  chosen  for  this  system 
because  of  the  needed  dynamic  range  and  bandwidth 
flexibility  [5,7,39,59-65]. 

The  optical  detector  can  be  either  a  PIN  diode  or  an  APD. 
APDs  require  much  higher  bias  voltages  than  PIN  diodes.  This 
higher  bias  allows  for  signal  amplification  through  avalanche 
gain,  and  hence  less  external  amplification  is  required. 
However,  this  avalanche  gain,  being  a  quantum  effect,  is  not 
constant  and  results  in  excess  shot  noise  because  of  its  random 
nature. 

For  a  complete  analysis  of  the  noise  character i st i cs  of 
optical  detectors  in  conjunction  with  a  preampl  if ier,  several 
factors  involving,  for  example,  device  characteristics  and  the 
optical  pulse  shape,  have  to  be  considered.  The  resulting 
expressions,  although  accurate,  have  little  obvious  physical 
meaning,  and  are  not  required  to  make  a  simple  comparison 
between  PIN  ODPs  and  APD  ODPs.  Personick  and  others  have 
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considered  this  subject  in  more  depth  [5  ,59  ,60 ,66] .  The 
elementary  results  that  will  be  derived  below,  although  not 
complete,  provide  enough  physical  insight  to  allow  a  proper 
choice  of  optical  detector. 

Figure  4.3  illustrates  the  input  and  output  noise  and 
signal  levels  for  a  PIN  detector/preampl if ier  and  an  APD 

detector/preamplifier.  P..  refers  to  the  received  optical 
power.  Si  to  the  preamplifier  input  signal,  0"i  to  the  noise 
corrupting  this  signal,  and  So  and  Oo  to  the  amplifier  output 
signal  and  noise.  The  gain,  G,  for  the  PIN  diode  detector  is 
one;  for  the  APD  its  average  value  is  denoted  by  G.  The 
amplifier  introduces  noise  0~amp>  anc*  this  i nput- ref erred 
noise,  being  essentially  independent  of  the  amplifier  gain  and 
the  detector  used,  is  assumed  to  be  the  same  for  both  the  PIN 
and  APD  preamp! if iers.  The  output  of  the  PIN-diode  ODP  is: 


(4.1) 


For  the  APD  ODP, 


(4.2) 


These  equations  have  the  same  output  signal  level.  So; 
however,  their  noise  levels  are  different.  If  the  detector 
noise  is  broken  into  a  signal  shot-noise  component  and  a  dark- 
current  shot-noise  component,  the  detector  noises  can  be 
related: 


(4.3) 
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PIN 


a)  Pin  Diode  Detector  and  Preamplifier 


VAPD  *  VP I N 


APD 


b)  APD  Detector  and  Preamplifier 


Fig.  4.3  Equivalent  Optical  Detector/Preampl if ier 
Combinations  for  Noise  Level  Comparisons. 


For  CXi^pQ*  the  S19na^  component  is  multiplied  by  the  expected 

O 

value  of  G  ,  whereas  the  dark-current  noise  is  not.  (The 
assumption  that  the  dark  current  is  primarily  surface  current, 
as  opposed  to  bulk  current,  is  made  here.  The  bulk  dark 
current  does  undergo  avalanche  multiplication,  but  is 
neg  1  igibl e.)  [26,66] 

^APD  ~  ^  ^"shot  +  ^"dark*  (4*4) 

p  _ p 

The  expected  value  of  G  is  not  (G)  .  A  simple  expression 

p 

for  G  will  be  used  here;  a  more  accurate  one  is  given  in 
[66].  This  expression  is  [26,62] 

G2  =  fG)2*x.  (4.5) 

The  parameter  x  is  from  0.3  to  0.5  for  typical  silicon 
APDs;  for  germanium  APDs  it  is  close  to  unity.  Substitution  of 
equations  4.3,  4.4,  and  4.5  into  4.1  and  4.2  results  in: 

°W  s  ^shot  *  (7 Lk  *  CT2amp)  (4.6) 

0-Oapd2  a  A2[(G)XC72hot  *  (CJ2ark  *  0-|mp)/fG)23  (4.7) 

The  PIN  -diode  expression  (Eqn.  4.6)  is  identical  to  the 
APD  noise  expression  (Eqn.  4.7)  with  G  =  1.  Thus,  a  valid 
comparison  between  the  two  can  be  made  by  finding  the  optimum 
avalanche  gain.  If  this  gain  is  close  to  unity,  the  use  of  an 
APD  is  not  justified.  If,  however,  it  is  much  larger  than 
one,  a  more  sensitive  receiver  could  be  realized  with  an  APD 
detector.  Differentiating  Eqn.  4.7  with  respect  to  the  gain 
and  setting  the  result  to  zero  yields: 

^optimum  =  ^(^dark  +  ^"amp^x  ^"shot^  ^  ^ 

This  is  identical  to  the  result  derived  by  Pearsall  [66], 

except  for  the  APD  excess-noise  factor  expression  used.  When 
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appropriate  values  are  substituted  in  the  above  expressions, 
the  optimum  gain  for  a  silicon  APD  is  usually  much  larger  than 
one;  often,  the  optimum  gain  is  around  100.  Because  of  the 
large  value  of  this  gain  (for  850  nm  systems),  receivers 
incorporating  silicon  APDs  are  more  sensitive  than  PIN-diode 
receivers  [39,66,  Chap.  2].  Hence,  a  silicon  APD  was  chosen  as 
the  detector  for  the  experimental  receiver.  The  particular 
device  used  is  RCA's  # C30908E  APD.  This  detector  has  a  high 
responsivity  of  77  amps  per  watt  of  optical  power  at  830  nm 
operation  and  at  the  recommended  operating  voltage. 

With  the  above  choices  for  the  optical  detector  and 
preamplifier  type,  the  preamplifier  design  can  now  be  attended 
to.  Its  first  stage  should  exhibit  good  frequency  response, 
high  current  gain,  and  low  noise.  The  cascode  (common-emitter, 
common  base)  transistor  pair  meets  these  requirements,  and  is 
often  found  in  high-frequency  amplifiers.  In  order  to  drive  an 
external  50  ohm  amplifier,  a  additional  common-collector  (CC) 
stage  is  used  as  a  buffer.  With  the  addition  of  voltage-shunt 
feedback,  the  ac  equivalent  preamplifier  circuit,  including 
stray  capacitances,  becomes  as  shown  in  Figure  4.4. 


CASCODE 

Fig. 4.4  AC-Equivalent  Circuit  for  the  Preamp  1  if ier . 
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The  design  procedure  must  determine  the  optimum  or  near¬ 
optimum  resistors  (Rf,Rc,Re)  and  dc  bias  conditions  for  the 
desired  signal  bandwidth  and  load  (50  ohms).  This  optimization 
is  with  respect  to  the  input  referred  circuit  noise,  under  the 
restraints  imposed  by  stability  requirements.  El-Diwany  et. 
al .  [64]  considered  this  problem,  and  have  derived  the  optimum 
circuit  parameters  by  approximating  the  amplifier's  frequency 
response  with  a  two  pole  transfer  function  and  through  the  use 
of  a  hybrid-pi  model  for  the  transistors.  Their  results  were 
used  to  determine  the  component  values  and  currents  for  the 
final  circuit.  Application  of  El-Diwany's  results  to  the 
preamplifier  design  is  left  to  Appendix  B.  The  final  circuit 
can  be  more  accurately  characterized  (but  still  as  a  two-pole 
model)  using  the  zero  time-constant  approach  outlined  by  Gray 
and  Meyer  [68].  Instead,  final  circuit  analysis  was  carried 
out  using  COMPACT  [69],  a  computer  c i rcu i t- ana  1 y s i s  program. 
The  modified  hybrid-pi  transistor  model  used  for  this  program 
is  given  in  Appendix  B.  Figure  4.5  shows  the  final 
preamplifier  circuit  derived  in  Appendix  B,  with  dc  biasing 
arrangements  shown.  Figure  4.6  is  a  graph  of  the  expected 
preamplifier  frequency  response,  for  two  different  values  of 
cascode  dc  bias  currents,  as  determined  by  the  computer 
analysis. 
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R1 ,2  ,3  -  2 .7  kilo-ohms 

R4  -  20  kilo-ohms 

R5  -  470  ohms 

R6  -  120  ohms 

R7  -  220  ohms,  1  watt 
PI  -  5.0  kilo-ohms 
LI  -  2  uH 
Cl, 3, 4  -  0.1  uF 
C2  -  22  UF/16V 
C5  -  0.01  uF 
01,2,3  -  BFR90 


ICj  =  0.2  mA 
Ici  =  6.0  mA 
Vet  =  5.0  V 


Fig.  4.5  Experimental  Optical 

Detector/ Preamp! if ier  Schematic  . 
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Voltage  Gain  Magnitude,  dB  Trans  impedance  Magnitude,  dB 
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Fig.  4.6 


Trans  impedance  Preamplifier 
Frequency  Response 
(Computer  Estimation) 
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At  a  cascode  bias  current  of  0.2  mA,  the  expected 
transimpedance  is  13  kilo-ohms,  and  the  expected  bandwidth  is 
9.35  MHz.  This  bandwidth  is  slightly  higher  than  the  expected 
fiber  bandwidth.  From  the  voltage-gain  phase  and  magnitude 
curves  shown  in  Fig.  4.6,  the  phase-margin  for  the  preamplifier 
is  approximately  65  degrees  at  a  cascode  bias  current  of  0.2 
mA.  For  the  0.5  mA  bias  current,  the  phase-margin  is  smaller, 
indicating  that  the  preamplifier  may  become  unstable  if  the 
cascode  current  is  increased  further  without  component  value 
changes.  Finally,  the  difference  in  signal  bandwidths  for  the 
two  operating  currents  indicates  the  sensitivity  of  the  circuit 
to  the  bias  conditions. 

From  Appendix  B,  the  expected  ODP  output  signal  and  noise 
levels  are  given  by 

Si  =  TR-Rx-Pi  =  106P i  (4-9) 

0\ 2  *  <J  2  ♦  fa  s  (0.1  mV)2  ♦  (70  uV)  *Si  (4.10) 

where 

Si  is  the  ODP  output  signal  in  volts, 

is  the  optical  power  incident  on  the  APD  in  watts, 

TR  is  the  preamplifier  transimpedance  in  ohms, 

is  the  APD  responsivity  in  amps/watt, 

g-  is  the  ODP  output  referred  noise  level  in  volts 

rr  is  the  ODP  output  referred  stationary  noise  level 
u  o 

(primarily  thermal  noise)  in  volts, 
and  £  is  the  ODP  shot  noise  parameter  in  volts. 
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4.3.2  The  Hain  Amplifier  and  A6C  Circuitry 

Following  the  preamplifier  is  the  main  signal  amplifier. 
This  amplifier  must  have  the  following  characteristics: 

a)  50  ohm  input  and  output  impedance 

b)  provision  for  automatic  gain  control  (AGC) 

c)  a  large  signal  bandwidth 

AGC  is  required  because  the  average  input  optical  power  to 
the  APD  will  vary,  possibly  over  a  range  of  20  dB.  The  main 
amplifier  should  exhibit  little  output  signal  level  variance 
with  varying  input  signal  strength. 

The  bandwidth  of  the  circuit  should  be  made  larger  than 
the  preamplifier  and  channel  bandwidth  in  order  to  minimize 
signal  distortion.  Noise  is  no  longer  a  major  consideration, 
as  it  was  for  the  preampl if ier. 

Motorola's  MC1590  RF  ampl  ifiers  [70]  are  well  suited  as 
amplifiers  in  this  application.  In  order  to  ensure  a  high 
dynamic  range  with  good  AGC  control,  two  of  these  devices  are 
cascaded  together  in  the  main  amplifier.  The  output  of  the 
second  amplifier  is  followed  by  a  common-collector  (CC) 
transistor  buffer  to  drive  the  50  ohm  output  load.  Figure  4.7 
shows  the  main  amplifier  and  AGC  circuitry.  IC1  and  IC2  in  this 
diagram  are  the  MC1590  RF  amplifiers. 
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Fig.  4.7  Schematic  Diagram  of  the  Experimental  Main  Amplifier, 
Peak  Detector,  and  Automatic  Gain  Control  Circuit 
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The  peak  detector  in  the  AGC  control  loop  consists  of 
diode  D1  and  capacitor  Cll,  with  the  diode  biased  to  just  below 
its  turn-on  point  for  increased  detection  sensitivity.  The 
diode  allows  the  capacitor  to  charge  quickly,  but  prevents  its 
fast  discharge.  Thus,  the  capacitor  charges  to  the  signal 
peak.  Following  the  peak-detector  is  a  low-frequency  amplifier 
(IC3)  that  provides  a  voltage  gain  of  10.  The  input  impedance 
of  this  ampl  ifier,  along  with  the  size  of  the  peak-detection 
capacitor,  determines  the  AGC  time-constant.  This  time- 
constant  is  made  long  in  comparison  to  the  baud-interval  of  the 
system,  but  short  compared  to  the  expected  signal  fluctuations 
in  the  system  under  steady-state  conditions.  The  output  from 
the  peak  amplifier  is  compared  to  a  preset  level,  and  the  error 
is  amplified  by  IC4  to  form  the  AGC  signal. 

4.3.3  The  Decoder  and  Decision-Feedback  Equalizer 

Figure  4.8  outlines  the  overall  decoding  and  equalizing 
network  for  the  4-level  receiver.  It  is  sectioned  into  three 
boards,  and  each  board  is  shielded  so  that  clock  noise  is 
minimized.  Clock  noise  considerations,  as  well  as  speed, 
dictated  the  use  of  ECL  logic,  which  does  not  possess  switching 
spikes.  Transmission  line  techniques  were  followed  in 
construction  of  the  circuits.  Consequently,  the  overall 
decoder  and  equalizer  should  be  capable  of  operation  at  much 
higher  rates  than  the  channel  is  capable  of  supporting,  even 
with  extensive  equalization. 
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For  the  Experimental  System. 


The  comparator  board,  illustrated  in  Fig.  4.9,  uses  high 
speed  ECL  comparators  (IC1  and  IC2)  and  an  8  bit  priority 
encoder  (IC3)  to  decode  the  equalized  4-level  input  signal 
(denoted  as  S  on  Fig.  4.8)  into  2  binary  signals.  The 
comparator  thresholds  are  determined  through  potentiometers. 
Their  optimum  values,  along  with  the  optimum  signal  levels,  can 
be  analytically  determined;  this  is  done  in  the  next  chapter. 
The  output  of  the  comparator  board  is  unclocked,  and  only 
indicates  the  quantized  level  of  the  present  input  signal. 

The  timing  board,  shown  in  Fig.  4.10,  samples  the  two 
output  signals  from  the  comparator.  This  sampling  is 
accomplished  by  flip-flops  (IC2)  and  should  be  done  at  such  a 
time  as  to  minimize  the  probability  of  reception  error.  Kasper 
[28]  considered  this  timing  in  conjunction  with  binary  signals 
and  DFE.  An  adequate,  but  generally  non-optimal,  timing  would 
result  in  sampling  when  the  received  signal  eyes  are  fully 
open.  The  optimum  timing  phase  is  slightly  before  this 
"centered  timed"  (pulse  peak  timed)  point,  as  will  be 
explained  in  Chapter  6. 

The  two  resulting  clocked  binary  signals  are  used  by  the 
feedback  board  to  generate  the  feedback  signal.  They  are  also 
multiplexed  (through  NOR  gates  -  IC3)  into  one  bit  stream, 
this  final  bit  stream  being  a  logical  inversion  of  the  data  fed 
into  the  transmitter.  Negation  of  this  output  was  not 
required  for  the  test  setup  used.  Proper  clock  synchronization 
is  required  to  multiplex  the  two  bit  streams  in  the  right 
order;  on  the  experimental  system,  this  was  done  by  toggl ing 
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Comparator  Board  Schematic  and  Coding. 
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Fig.  4.10  Timing  Board  Schematic  and  Coding. 


the  clock  source  until  synchronization  was  obtained.  In  an 
actual  link  with  clock  recovery,  synchronization  is  usually 
accomplished  through  coding  techniques  and  data  correlators. 
This  subject,  though,  is  not  of  concern  here. 

The  feedback  board,  shown  in  Fig.  4.11,  uses  NOR  gates 
( I C 1 ,  IC2)  to  generate  a  4-level  signal  from  the  2  clocked 
binary  streams  produced  by  the  timing  board.  This  4  level 
signal,  which  approximates  the  decoded  data's  first  postcursor 
ISI  contribution,  is  subtracted  from  the  incoming  unequalized 
signal  (denoted  as  R  on  Fig.  4.8)  by  the  difference  amplifier 
IC3.  Thus,  one-tap  DFE  is  accomplished.  Control  of  the  amount 
of  feedback,  and  of  the  individual  levels  in  the  generated  fed- 
back  signal,  is  accomplished  through  potentiometers.  Extension 
of  the  feedback  to  include  more  taps  can  be  done  through 
inclusion  of  additional  data  latches  (on  the  timing  board), 
4  level  generators,  and  difference  amplifiers. 

The  ECL  4-level  generator  on  the  feedback  board  is 
conceptually  equivalent  to  the  one  used  in  the  transmitter. 
Hence,  if  a  higher  speed  multilevel  transmitter  is  required, 

ECL  logic  can  easily  be  used. 

The  overall  system  coding  is  summarized  in  Table  4.1. 
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Fig.  4.11  Feedback  Board  Schematic  and  Coding. 
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0 

Preamplifier 

Output 
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Main  Amplifier 
Output  ( R i ) 

(0-3) 
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0 

Feedback  Board 
Output,  No  ISI 
or  Feedback 
(0-3) 

0 
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2 

3 

Comparator 

Board  Output 
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L 
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H 

C,  D 
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L 

Timing  Board 
Output 

H 
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L 

H 

(A,B)  =  Data 

H 

H 

L 

L 

Generated 

Feedback 

(0-3) 

3 

2 

1 

0 

For  all  4  level  signals, 
in  order  of  increasing 
positive  voltage. 


This  table  does  not  indicate  the  the  relative  timing  between 
signals.  For  instance,  ignoring  the  channel  delay, the  feedback 
depends  on  the  state  of  the  previous  transmitted  signal,  while 
the  timing  board  output  depends  on  the  state  of  the  present 
transmitted  signal. 


Table  4.1  Overall  Transmitter  and  Receiver  Signal  Coding. 
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CHAPTER  5.  THEORETICAL  EVALUATION  OF  THE  EXPERIMENTAL  SYSTEM 


We  are  interested  in  the  theoretical  evaluation  of  the 
experimental  system.  Specifically,  this  analysis  should  be  in 
terms  of  the  system  BER  as  a  function  of  the  received  optical 
power  and  the  signalling  conditions.  To  accurately  represent 
the  communication  system,  the  analysis  should  include  the 
following: 

a)  Signal  dependent  shot  noise 

b)  Intersymbol  interference 

c)  Optimization  of  the  signal  levels  and  decoder 

thresholds 

d)  Both  no  equalization  and  DFE  (including  the 

possibility  of  error  propagation  due  to  decoder  errors) 

Several  papers  discuss  upper  and  lower  limits  on  the  BER 
for  the  cases  of  antipodal  binary  or  antipodal  multilevel 
(with  equally  spaced  signal  levels)  signalling  over  a 
dispersive  channel  with  additive  gaussian  noise  [73]. 
Unfortunately,  the  results  of  these  papers  cannot  be  applied  to 
the  experimental  system  because  a)  and  b)  above  are  not 
included  in  the  analysis. 

Others  have  included  the  possibility  of  DFE  [27,45,74], 
Their  work,  however,  has  been  limited  to  finding  the  form  of 
the  optimum  decision-feedback  equalizer  under  various 
assumptions,  much  as  was  done  in  Chap.  3.  None  of  the  papers 
dealing  with  DFE  thus  far,  to  the  author's  knowledge,  has 
reported  an  analytic  solution  to  the  system's  resulting  BER,  as 
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there  is  considerable  difficulty  in  finding  tight  BER  bounds 
even  for  the  much  simpler  and  mathematical  ly  more  tractable 
problem  of  analyzing  a  system  having  no  feedback  equalization 
or  shot  noise.  Error  rate  characterization  of  systems  thus  far 
has  been  limited  to  computer  or  hardware  simulation. 

Recognizing  this,  the  theoretical  evaluation  of  the 
experimental  system  was  done  through  computer  analysis.  In 
this  analysis,  all  possible  signalling  conditions  were 
modelled,  and  the  BER  for  each  condition  was  solved  for 
analytically.  Consequently,  the  computer  results  are  as 
accurate  as  the  model  used,  and  were  not  obtained  through 
techniques  such  as  Monte-Carlo  simulation. 

Appendix  C  contains  a  source  listing  of  the  system 
evaluation  program  (written  in  Basic).  This  chapter  will 
outline  the  methods  used  in  the  program,  as  well  as  the 
program's  limitations  as  a  consequence  of  these  methods. 

5.1  Signal  and  Noise  Levels 

The  analysis  assumes  the  use  of  a  trans  impedance 
preamplifier  in  conjunction  with  the  optical  detector. 
Following  the  notation  of  Muoi  and  Hullett  [20],  the  signal 
voltage  at  the  output  of  the  preampl  if ier,  bi,  under  the 
condition  of  no  I  SI,  can  be  expressed  in  terms  of  the  applied 

optical  power  P^: 


bi  =  VTR’Rx 


(5.1) 


* 
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The  noise  present  along  with  b^,  from  Appendix  B,  can  be 
expressed  as 


(5.2) 


Letting  the  ISI  terms  be  represented  by  bj^j,  the  ISI  can 
be  included  in  this  expression: 


(5.3) 


Even  if  the  ISI  corrupting  the  signal  b^  is  cancelled 
through  DFE,  its  effect  has  to  be  included  in  noise 
calculations  as  the  shot  noise  caused  by  it  cannot  be 
compensated  for.  The  expected  v a  1  ues  for  0"o,  £,  and  TR  are 
stated  both  in  Chap.  4  and  in  Appendix  B.  These  values, 
however,  are  only  estimates;  the  value  for  TR  may  be  accurate 
to  within  30%,  and  the  values  for  U0  and  £  may  be  within  a 
factor  of  two  compared  to  the  actual  values.  Since  these 
parameters  can  be  measured  experimentally,  the  program  allows 
the  user  to  enter  their  values. 

5.2  Channel  Pulse  Response  Modelling 

The  time  -  domain  channel  response  model  was  introduced  in 
Chap.  3  in  conjunction  with  the  equalizer  design.  The  channel 
(which  includes  the  ODP  response)  is  characterized  by  its  time 
response  at  the  sampling  points  to  a  single  transmitted  pulse. 
These  sampling  points  are  at  time  instants  when  the  receiver's 
decoder  compares  the  incoming  waveform  to  preset  levels;  they 
are  separated  by  time  T,  the  reciprocal  of  the  system  baud 
rate.  Figure  5.1  illustrates  an  ideal  transmitted  pulse  and  a 
possible  channel  response  to  it. 
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Fig.  5.1  Sampled  Time  Channel  Response  Representation. 


If  we  define  2  -  P^*L*TR-RX  ,  where  L  is  a  channel  loss 

factor,  then,  using  sampled  -  time  notation, 

r(kT)  =  r^  =  Z*hk  where 

( h.  )  .  =1. 

v  k'maximum 

The  vector  H  =  { h  k }  =  [...h_2*  h-i»  h0*  hl*  h2* 
defines  the  received  pulse  corresponding  to  a  single 
transmitted  pulse.  The  condition  of  no  ISI  is  satisfied  if 


•  l*  >  ' 


The  maximum  baud  rate  that  satisfies  this  condition 
(within  reasonable  limits,  such  as  H  =  [0.01  ,  0.97,  0.02])  can 
be  found  experimentally.  Above  this  baud  rate,  significant  ISI 
starts  to  occur,  and  equalization  may  be  required. 

Measurements  of  the  appropriate  h^  values  corresponding  to 
a  particular  baud  rate  above  the  "negligible  ISI"  baud  rate, 
however,  are  prone  to  scaling  errors.  For  normal  system 
operation,  due  to  ISI,  there  are  few  isolated  received  pulses, 
making  the  experimental  determination  of  H  more  difficult. 
Thus,  energy  constraints  have  to  be  considered  to  correct  for 
possible  magnitude  scaling. 

Since  the  channel  attenuation  is  constant,  the  ratio  of 
the  received  pulse  energy  to  the  transmitted  pulse  energy,  for 
isolated  pulses,  remains  constant.  It  will  be  assumed  that  the 
pulse  dispersion  is  primarily  due  to  channel  limitations  and 
not  due  to  transmitter  or  receiver  bandwidth  restriction.  (This 
is  not  strictly  true  for  the  receiver,  but  since  the  receiver 
bandwidth  will  be  kept  higher  than  the  channel  bandwidth 
through  adjustment  of  its  bias  conditions,  this  assumption  is 
not  too  restricting).  Then,  with  square-law  optical  detectors 
such  as  PIN  diodes  and  APDs,  the  area  under  the  received, 
amplified  signal  is  directly  proportional  to  the  received  pulse 
energy.  This  proportionality  allows  proper  scaling  of  the 
measured  experimental  channel  response. 
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If  the  system  baud  rate  is  changed  from  rate  B1  to  rate 
B2,  the  above  condition  implies  that  the  corresponding  received 
pulse  shapes,  HI  and  H2,  can  be  related: 


Received  Energy  Area  defined  by  HI  Area  defined  by  H2 

-  a  -  =  - 

Transmitted  Energy  T1  T2 

(5.4) 

The  intensity  of  the  transmitted  pulse  is  assumed  to  be 
constant  and  independent  of  the  transmitted  pulse  duration  T1 
or  T2.  The  area  defined  by  the  two  H  vectors  can  be  found 
numerically,  for  example,  by  using  Simpson's  method.  More 
accurate  results  can  be  obtained  by  including  half  interval 
points  (points  corresponding  to  -T/2,  -3T/2,  ...)  as  well.  The 
pulse  shape  that  includes  these  half  interval  samples  will  be 
denoted  by  the  vector  H'.  As  shown  by  Fig.  5.2,  H  is  a  subset 
of  H'. 


-i»  h‘0‘  h’i» 

=  [h*_2. 


h'2’ 

h'0,  h'j] 


Fig.  5.2  Definition  of  the  "Half  Interval" 
Channel  Response  Vector  H'. 
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Using  Simpson's  numerical  integration,  the  pulse  area,  or 
energy,  is  proportional  to  the  product 
Area  a  T*(  £h*  ♦  £h)  where 

H'  =  ...h^2  ♦  h^  ♦  h^,  +  hj  ♦  h£  +  ...  and 

H  =  ...h_2  ♦  h.x  +  ♦  hx  *  h2  ♦  ... 

With  this,  Eqn.  5.4  reduces  to 

(  I"'  +  IH)B1  •(!«•♦  I>)B2 

This  approximate  equality  is  best  illustrated  in  an 
example  based  on  experimental  data  (which  will  be  summarized  in 
Chap.  6)  measured  for  the  4  level  system.  With  the  receiver 
bandwidth  set  to  14  MHz  (above  the  original  design  value  of 
10  MHz),  the  maximum  system  baud  rate  having  negligible  ISI  is 
around  7.5  Mbaud/s.  The  pulse  shape  corresponding  to  this  data 
rate  is  easily  measured  experimentally  and  is  given  by 
H  *  [.005,  .97,  .01]  =  [0,  1,  0]  and 

H'  =  [.005,  .73,  .97,  .213,  .01]. 

This  pulse  shape  was  determined  through  observation  of  the 
received  pulse  train  under  system  operation.  Because  there  is 
little  ISI  at  this  data  rate,  information  regarding  this  shape 
can  be  deduced  from  most  received  pulses,  as  they  are  all 
isolated  from  each  other.  When  the  system  baud  rate  is 
increased  to  20  Mbaud/s,  however,  the  4  level  pulses  are  no 
longer  isolated  from  each  other  because  of  ISI,  thus  making 
determination  of  the  H  and  H'  vectors  more  difficult.  The  best 
observation-based  estimates  for  H  and  H'  are 
H  =  [0.03,  0.68,  0.18]  and 
H'  =  [0.03,  0.41,  0.68,  0.46,  0.18,  0.05]. 


- 


For  the  pulse  having  negligible  ISI,  the  appropriate 
"energy  constant"  is 
£h  +  XV  £  2.91. 

For  the  20  Mbaud/s  symbol  rate  (which  corresponds  to  a  40  Mb/s 
data  rate), 

£h  .  £h‘  £  2.70. 

The  relative  difference  is  2.91/2.70  =  1.08.  A  better  estimate 
for  the  channel  response  at  20  Mbaud/s  is  thus 

<H’  H’)new  =  (H.  H‘)old-1.08,  or, 

H  =  [0.03  ,  0.73,  0.05] 

H'  =  [0.03,  0.44,  0.73,  0.50,  0.19,  0.05] 

This  scaling  is  applied  in  the  program.  However,  for 
system  analysis  it  is  much  easier  to  consider  hQ=l.0.  This 
introduces  artificial  scaling  which  can  be  compensated  for 
through  scaling  of  the  noise  parameters  ( J  and  £.  The  amount 
of  scaling  required  to  make  hQ=l  is  determined  by  energy 
constraints  as  just  discussed.  This  requires,  however,  that 
the  defining  negligible  ISI  pulse  be  experimentally  found 
before  analysis  of  the  system  at  other  bit  rates  can  proceed. 
From  hereon,  and  will  be  assumed  to  be  scaled. 


* 
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5.3  Completely  Equalized  Pulse  Analysis 

The  first,  and  easiest,  case  to  analyze  is  when  the  pulse 
precursors  and  postcursors  have  been  cancelled  in  some  manner. 
For  DFE,  this  is  an  idealistic  situation  because: 

1.  Without  resorting  to  two  communication  channels,  with 
one  delayed  slightly  with  respect  to  the  other,  it  is 
physically  impossible  to  cancel  the  pulse  precursors  with  DFE. 

2.  The  feedback  is  assumed  correct,  even  in  the  presence 
of  decoder  errors. 

The  resulting  analysis  accounts  for  the  shot  noise  caused 
by  I  SI ,  but  assumes  the  ISI  itself  has  been  ideally  eliminated. 
This  analysis  thus  gives  a  lower  limit  for  the  performance  of 
any  form  of  "cancellation  equalization"  such  as  DFE.  It  does 
not  present  the  optimum  system  performance  using  any 
conceivable  equalization  scheme,  however,  because  not  all  of 
the  available  information  in  the  received  pulse  is  used.  The 
Viterbi  algorithm,  although  presently  impracticable  or 
unrealizable  for  most  high  data  rate  systems  because  of  its 
computational  burden  (necessitating  very  high  speed 
computations),  would  yield  better  results. 

We  start  with  the  assumption  that  the  channel  response  and 
noise  parameters  have  been  normalized  so  that  hQ=l.  Ignoring 
for  now  the  ISI  produced  shot  noise,  the  optimum  signal  levels 
and  decoder  thresholds  can  be  easily  found.  Each  level  of  the 
4  level  signal  represents  two  bits  of  information.  Also,  these 

ode  so  that  only  one  bit  of  the  two 


levels  follow  a  Gray  c 
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changes  between  adjacent  levels.  (Refer  to  the  system  coding 
outlined  in  Chapter  4).  We  define: 

PED  =  overall  system  probability  of  error 

PEL..  =  probability  of  decoding  a  signal  at  level  b^  as 
being  at  an  adjacent  level 

Almost  all  errors  will  be  the  erroneous  decoding,  due  to 
noise,  of  a  signal  as  being  at  an  adjacent  signal  level  to  its 
actual  level.  Assuming  this  is  the  case  for  all  errors,  PED 
can  be  expressed  in  terms  of  PEL: 

4 

PED  =  ( 1/2) * (1/4)  V  PEL, 

1=1  1 

The  optimum  situation  is  when  all  the  PEL  are  equal  (which 
implies  that,  because  of  shot  noise,  the  levels  cannot  be 
equidistant).  Then,  PED  =  PEL/2. 

For  the  bottom  signal  level,  a  decoding  error  can  only  be 
made  if  the  noise  is  sufficient  to  cause  the  signal  to  cross 
the  lowest  decoder  threshold.  The  probability  of  this 
occurring  is  made  equal  to  2*PED,  in  order  that  PELj=2*PED  as 
desired.  Likewise,  the  probability  of  noise  causing  the  top 
signal  to  cross  below  the  top  decoder  threshold  is  made  equal 
to  2'PED.  For  the  middle  two  signal  levels,  an  error  can  be 
made  if  the  noise  causes  the  signal  to  fluctuate  across  either 
adjacent  threshold;  hence,  each  of  these  crossing  probabilities 
is  made  equal  to  PED  in  order  that  PEL2  =  PEL^  ~  ^  PED.  In 
total,  there  are  6  individual  probabilities,  as  shown  in 
Fig.  5.3.  The  "end  two"  of  these  six  are  optimally  set  to 
2‘PED,  while  the  other  4  are  made  equal  to  PED. 
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Fig.  5.3  Individual  Error  Probabilities 

for  the  4  Level  Pam  System 


In  Fig.  5.3  the  signal  levels  are  designated  by  b^  to  b4, 
and  the  decoder  thresholds  by  d1  to  d4.  Associated  with  each 
signal  level  is  a  noise  level,  0^,  as  given  by  Eqn.  5.2. 
Referring  to  Appendix  A,  the  individual  error  probabilities  can 
be  expressed  in  terms  of  the  signal  levels,  decoder  thresholds, 
and  the  noise  levels  through  use  of  the  Q  function: 

Q(x)  =  0.5  (1  -  ERF (x/^T  ))  (5.5) 


ERF(x)  is  the  well  known  gaussian  error  function. 

PE .  .  is  defined  as  the  probability  that  the  noise 
corrupting  signal  i  will  cause  it  to  cross  threshold  j  (with  j 


being  either  i  or  i-1  if  possible)  and  consequently  be  decoded 
erroneously. 


PEi,j  *  QUbi  -  dj7 * * * * * * * * * 17  Oi> 

Thus,  the  desired  level  -  threshold  spacing  is 

-1 


(5.6) 


Ibi  -  dj|  =  ^  Q  *(PE1tj). 


(5.7) 


Use  of  this  formula  and  the  noise  expression  5.2  allows 
(neglecting  the  ISI  produced  shot  -  noise  for  now)  the  optimum 
signal  levels  to  be  found.  The  lower  signal  level  is  set  to 
zero.  From  Eqn.  5.2,  its  noise  is  simply  the  system's  thermal 
noise  level.  Thus,  the  required  value  for  d^  is 
(d1  -  bjJ/Oj  =  Q-1(2 *PED) ,  or 
dj  =  0’0-Q'1(2-PED). 

The  next  signal  level  is  1  ikewise  determined: 

(b2  -  d2)/ <T2  *  Q_1(PED) 

Substitution  for  O ^  yields  a  quadratic  expression  which  can  be 
solved  to  obtain  b£.  Repetition  of  the  above  procedure  yields 
the  other  signal  levels  and  thresholds. 

Inclusion  of  the  ISI  produced  shot  noise  is  accomplished 
through  use  of  Eqn.  5.3  instead  of  Eqn.  5.2.  However,  the 
value  for  bj$j  to  be  used  in  Eqn.  5.3  will  vary  for  each  pulse 
and  will  depend  on  the  previous  and  future  pulse  levels.  This 
ISI  randomness  causes  the  expected  values  for  the  noise  levels 
to  vary  with  the  amount  of  ISI.  A  method  which  would  yield 
exact  results  would  involve  setting  the  signal  levels  and 
decoder  thresholds  such  that  the  probability  of  error  for  each 
level,  averaged  over  all  ISI  possibilities,  is  2’PED.  This 
method,  although  exact,  greatly  increases  the  amount  of  work 
required.  A  better  method,  insofar  as  the  computational  burden 
is  concerned,  which  yields  a  near  -  exact  solution  would  be 
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to  use  the  expected  noise  levels  in  the  calculations.  This  is 
achieved  by  using  the  average  value  of  bJSI  in  Eqn>  5>3. 

There  is  a  computational  difficulty  in  finding  the  optimum 
signal  levels  and  decoder  thresholds.  The  average  ISI  used 
through  Eqn.  5.3  to  find  these  levels  is  itself  dependent  on 
the  signal  levels.  This  difficulty  is  circumvented  by 
iteration.  The  value  for  bI$I  can  be  taken  as  zero  initially, 
and  the  "optimum"  levels  and  thresholds  found.  These  levels 
yield  a  new  value  for  bISI,  which  can  be  used  for  recalculation 
of  the  signal  levels.  Repetition  of  this  procedure  2  or  3 
times  ensures  convergence  (within  5%  or  closer)  to  the  required 
levels  and  thresholds. 

With  H  normalized  so  that  hQ=i#  the  average  amount  of 
ISI,  given  the  signal  levels  S(l)  to  S(4),  is  easily  found: 

*isT  "  (  I«  -  h0)-£b/4 

*  (  XH  *  !)  * (t>!  *  b2  +  b3  +  b4>/4  (5.8) 

From  the  signal  levels  required  to  realize  a  desired  error 
rate,  the  required  received  power  is  easily  obtained  through 
Eqn.  5.1. 

5.4  Inclusion  of  ISI  in  the  Systea  Analysis 

The  previous  section  detailed  the  method  used  to  find  the 
optimum  or  near  optimum  signal  levels  and  decoder  thresholds 
for  the  case  where  the  ISI,  but  not  its  shot  noise- 
contribution,  was  eliminated.  However,  without  this  ideal 
equalization,  ISI  does  occur  and  must  be  considered. 
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The  amount  of  ISI  present  at  any  sampling  instant  can  be 
determined  by  the  channel  response,  H,  and  the  previous  and 
future  signal  levels  (in  order  that  the  amplitudes  of  their 
interfering  precursors  or  postcursors  are  known).  All  the 
non  -  zero  terms  in  H,  save  for  hQ,  are  interference  terms.  In 
the  program,  these  terms  are  referred  to  as  the  "HEQ"  vector. 
For  example,  if 

H  =  [0.1,  1.0,  0.3],  then 
HEQ  -  [0.1,  0.3]  =  [heq^,  heq2] 

Each  of  the  interfering  terms  contributes  one  of  four 
possible  terms  to  the  total  ISI.  The  total  number  of  ISI 
possibilities  is  thus  four  raised  to  the  number  of  terms  in 
HEQ,  and  can  be  enumerated.  An  example  clarifies  this  concept. 
With  HEQ  having  two  components  (as  shown  above),  and  for  the  4 
possible  signal  levels  b^  to  b^,  the  vector,  6,  of  all 
possible  ISI  terms  (all  possible  bj^),  can  be  found: 

G  =  [(bISlh’  tbISI^2*  (bISI*3*  •••’  (bISI>16]  where 
( b  I  SI )  l  ”  beql"bl  +  beq2*bl 
(bISi)2  =  heqj-bj  +  heq2-b2 

( bI SI ) 3  *  heql'bl  +  heq2-b3 

{ bi si ) 4  “  heqrbl  +  heq2'b4 

( bI Si ) 5  ■  heqj-b2  ♦  heq2-bj 

.  • 

.  • 

. 

( bI  SI  >16  =  he<lrb4  +  heq2’b4 

To  ease  notation,  the  ( b j 5 1 > j  be  referrecl  to  as  9j*  so 

that  G  -  [g^ ,  g2,  g^****!* 


Given  the  signal  levels  and  decoder  thresholds,  the 
individual  error  probabilities  for  each  ISI  possibility  can  be 


found.  The  definition  introduced  earlier  for  PE,-  ,•  will  be 

1 » J 

extended  to  include  an  ISI  term: 

PE.  .  v  is  defined  as  the  probability  that  the  received 
signal  consisting  of  the  desired  signal  bi,  an  ISI 

term  gk>  and  noise,  will  cross  threshold  dj  and 
consequently  be  decoded  erroneously. 

Extending  Eqn.  5.6  to  include  the  ISI  term  gives: 

PEi,j,k  =  Q*1[|bi  +  gj  ‘  dj,/  °i.k  3  (5'9) 

where  ^  is  identical  to  Eqn.  5.3  with  bjjj  replaced  with 

9k : 

CT  i,k  *  (Jo  +  £<bi  +  gk>  (5,10) 

For  example,  the  probability  of  decoding  a  signal  at  level  b2 

with  the  additive  ISI  term  g^,  as  being  above  the  second 
threshold  d2  ^s: 

PE2,2,3  *  Q'1[(d2  '  (b2  +  93) K (J2 ,3^ 

where 

cr2>3  ■  (CJ02  ♦  f( b2 ♦  93))°-5 

The  average  probability  of  decoding  a  signal  at  level  b2 
as  being  at  level  b^,  for  the  above  example  of  16  possible  ISI 

terms,  is: 

^2,2  “  PE2,2J3/16 

If  this  average  is  not  close  to  the  desired  value,  (PED 
for  this  example),  the  distance  between  signal  b2  and  threshold 
d2  has  to  be  adjusted  accordingly.  The  above  procedure  can 
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then  be  repeated  using  the  new  signal  levels,  decoder 
thresholds,  and  ISI  terms  (the  ISI  terms  are  dependent  on  the 
signal  levels).  Once  all  the  individual  error  probability 
averages,  PE^  j,  are  close  to  their  desired  values,  the  optimum 
or  near  optimum  signal  levels  and  thresholds  have  been  found. 

Although  this  method  requires  considerable  numerical 
computation,  it  does  provide  a  very  accurate  analytical 
solution  to  the  optimum  system  power  requirements  for  any 
desired  error  rate.  For  a  small  number  of  interfering  ISI 
terms  in  HEQ,  its  computational  burden  on  a  small  computer 
system  is  reasonable.  When  there  are  many  terms  in  HEQ, 
however,  the  computational  burden  may  become  excessive  and  more 
approximate  methods  for  analyzing  the  system  may  have  to  be 
considered.  It  is  much  faster,  however,  than  a  Monte  -  Carlo 
method  of  finding  the  near  optimum  signal  levels. 

The  critical  computational  problem  arises  in  adjusting  the 
distances  between  the  levels  and  thresholds.  The  optimum 
adjustment  results  in  a  very  quick  convergence  to  the  required 
levels  and  thresholds.  However,  if  the  adjustment  step  is  too 
large,  the  resulting  PE^  j  may  oscillate  about  the  desired 
value  without  converging.  Too  small  a  step  results  in  a  slow 
convergence  of  the  PE-  •  and  hence  excessive  computations. 
Because  of  this  problem,  the  program  uses  two  user  controllable 
adjustment  algorithms,  based  on  how  close  the  PE-j^j  are  to 
their  desired  values  and  on  the  severity  of  the  ISI. 
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5.5  Ideal  One-Tap  Decision-Feedback  Equalization 

In  the  previous  section,  the  interfering  ISI  possibilities 
were  determined  by  cross  products  between  HEQ  and  b1  to  b4- 
The  HEQ  vector  represents  the  interfering  terms  in  the  channel 
response  H.  Increasing  the  system  baud  rate  results  in  an 
increase  in  both  the  number  of  terms  in  HEQ  and  in  the 
magnitude  of  these  terms. 

Ideal  one-tap  DFE  can  be  accomplished  by  setting  the 
largest  postcursor  component  of  HEQ  to  zero.  For  example,  if 
H  =  [0.1,  1.0,  0.3],  then  HEQ  =  [0.1,  0.3]  without  any 
equalization.  The  0.3  term  can  be  eliminated  by  DFE,  yielding 
HEQ  =  0.1. 

The  previously  outlined  method  of  finding  the  optimum 
signal  levels  and  decoder  thresholds  can  be  applied  using  the 
new  HEQ  vector.  However,  the  number  of  ISI  possibilities  is 
now  reduced  by  a  factor  of  four  because  the  dimension  of  HEQ 
has  been  reduced  by  one.  For  this  example,  the  ISI  can  be  one 
of  four  possibilities: 

G  =  [91#  92.  93*  94]  where 
=  heq1*b1  =  0.1-bj 

g3  -  0.1 ’b^ 
g3  =  0.1*  b3 
94  *  0.1*b4 

This  results  in  substantial  computational  savings,  except 
for  one  difficulty.  Eqns.  5.9  and  5.10  are  used  to  find  the 
individual  error  probabilities  PE^  j  ^ .  However,  the  ISI  terms 
in  the  noise  expression  (Eqn.  5.10)  correspond  to  the 
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unequalized  HEQ.  Although  DFE  can  compensate  for  the  ISI 
introduced  by  the  postcursor  terms  of  HEQ,  it  cannot  compensate 
for  the  shot  noise  introduced  by  those  terms. 

This  difficulty,  if  insurmountable,  would  result  in  a 
factor  of  four  increase  in  the  computational  burden  required 
to  estimate  each  PE  •  .  in  the  above  example  because  the  ful  1 
number  of  ISI  terms  would  have  to  be  considered  in  the  noise 
calculations.  However,  as  in  section  5.3,  the  ISI  term  used  in 
the  noise  expression,  Eqn.  5.10,  can  be  replaced  by  the  average 
ISI  term.  This  average  ISI  term  will  be  denoted  by  bj^,  as  in 
Section  5.3.  The  approximate  error  probabilities  are: 

PEi,j,k  s  Q'1(‘bi  *  9k  -  djl/10,2  *  *  bISI])0-5) 

=  Q"1(lbi  ♦  gk  -  dj I /  (Xj) 

where  (J!j  is  now  considered  independent  of  the  individual  ISI 
terms  but  dependent  on  the  average  amount  of  ISI.  This 
simplification  allows  a  decrease  in  the  computational  burden 

when  estimating  each  PE ( i , j ) . 

A  trial  run  using  experimental  data  was  conducted  to 
estimate  the  severity  of  this  simplification.  The  optical 
power  requirements  to  realize  a  10  and  a  10  error  rate  for 
the  unequalized  pulse  shape  were  found  using  both  methods.  The 
difference  came  out  to  0.3  dB  for  both  error  rates.  This 
difference  was  considered  small  considering  the  accuracy  of  the 
experimental  data.  This  point  will  be  clearly  illustrated  in 
the  next  chapter  when  the  theoretical  and  experimental  system 

performances  are  given. 


5.6  Non-Ideal  One-Tap  Decision-Feedback  Equalization 

The  previous  section  considered  ideal  DFE  in  which  the 
feedback  was  always  correct.  However,  in  reality,  the  presence 
of  decoder  errors  causes  erroneous  feedback  which  in  turn  can 
cause  further  decoder  errors.  Thus,  the  error  propagation 
effect  of  DFE  has  to  be  considered. 

This  can  be  accounted  for  through  the  expression 
P(E|fb)  =  P( E | if) *P( if)  ♦  P(E|cf) 

where 

P ( E | f b )  is  the  probability  of  error  with  feedback 

P( E I  if)  is  the  probability  of  error  with  incorrect  feedback 

P(E|cf)  is  the  probability  of  error  with  correct  feedback 

P(if)  is  the  probability  of  incorrect  feedback. 

Incorrect  feedback  occurs  whenever  there  is  a  decoding  error. 
Thus,  P(if)  =  P ( E !  f b ) ,  which  is  the  same  as  the  system  error 
rate.  With  this,  the  above  expression  simplifies  to 

P( E I fb)  =  P(E|cf)/[l  -  P( E I  if)] .  (5.11) 

The  methods  of  section  5.5  found  P( E | cf ) ,  the  error  rate 
given  ideal  feedback.  If  the  quantity  P(E|if)  can  be  found, 
then  the  overall  system  error  rate  can  be  found. 

Eqn.  5.11  is  equivalent  to  the  geometric  series: 

P(E| fb)  =  P(E|cf )  +  P(E|cf ) * P{ E | if)  ♦  P(E|cf ) 'P(E|  if)2 
+  P(EI cf ) 'P(E| if)3  ♦••• 

In  words,  “the  probability  of  error  given  feedback  is  equal  to 
the  probability  of  error  given  the  previous  decisions  have  been 
correct,  plus  the  probability  of  making  an  error  given  that  the 
previous  decision  was  wrong  times  the  probability  of  making 
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that  previous  error,  plus  the  probability  of  making  an  error 
given  that  the  two  immediately  previous  decisions  were  wrong 
times  the  probability  of  making  those  two  previous  errors  ...." 

The  value  for  P(Ej  if)  can  be  analytical  ly  determined  by 
considering  the  feedback  error  as  another  ISI  term.  Consider 
the  earlier  example  where  HEQ  has  two  components,  the  second 
one  being  equalized  to  zero  with  DFE.  The  “net  ISI"  term  given 
incorrect  feedback  is: 

=  ^ech‘bj  *  ^ ecj 2 * 13 j  "  ^2*^  with  k#j. 

When  k=j,  the  feedback  is  correct  and  the  situation  reduces  to 
that  for  ideal  feedback.  Thus  the  condition  k^j  arises. 

The  index  k  can  be  further  restricted  by  realizing  that 
decoding  errors  are  almost  always  the  decoding  of  a  signal  as 
being  at  an  adjacent  level  to  its  actual  level.  If  signal  b2 
was  received  and  decoded  wrongly,  it  would  be  decoded  as  b^  or 
b^,  but  most  likely  not  as  b^.  Hence, 
if  j=l,  then  k  =  2 

j  =  2,  then  k  =  1  or  3 

j  =  3,  then  k  =  2  or  4 

j  =  4,  then  k  =  3. 

The  ISI  components  including  incorrect  feedback  can  be 
enumerated.  Using  these  ISI  terms,  the  individual  error 
probabilities,  PE-  -,  can  be  found  as  in  section  5.5.  From 
these  individual  error  probabilities,  the  value  for  P(E|if)  and 
consequently  P(E|fb)  can  be  readily  determined. 
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If  the  derived  P(Elfb)  is  much  larger  than  P(Elcf),  the 
signal  levels  and  decoder  thresholds  found  for  the  ideal  DFE 
situation  can  no  longer  be  considered  optimum.  However,  if 
P(E | f b)  is  within  a  factor  of  2  times  P(E|cf),  the  signal 
levels  and  thresholds  used  in  determining  P(E|fb)  can  be 
considered  near  optimum. 

Using  the  experimental  data  and  the  above  analysis,  it  was 
computed  that  the  ratio  of  P(E|fb)  to  P( E I  cf )  is  less  than  1.2 
for  all  pulse  shapes,  even  ones  possessing  severe  I  SI .  The 
theoretical  maximum  of  this  ratio  for  one  -  tap  DFE  will  be 
shown  to  be  four  for  a  Gray  coded  4  level  system: 

The  feedback  error  can  either  be  positive  or  negative. 
For  the  middle  two  levels,  and  b^,  if  the  feedback  is  large 
enough,  this  can  cause  a  threshold  crossing  error  irrespective 
of  its  sign.  If  the  error  is  in  the  negative  direction,  level 
b2  will  be  decoded  as  b^,  and  level  b^  as  b2*  If  the  feedback 
is  large  and  in  the  positive  direction,  b ^  will  be  decoded  as 
b^  and  b^  as  b^.  Thus, 

P ( E | if,  b2)  <  1 

P( E | if,  b3)  <  1 

The  worst-case  probability  of  error  given  incorrect  feedback 
and  either  b2  or  b2  was  sent  ^ s 


If  level  bj  was  transmitted,  however,  the  incorrect 
feedback  will  only  cause  b^  to  be  decoded  as  b2  if  it  is 
positive.  Hence, 

P(E|  if,  bj)  <  0.5 
Likewise, 


P(E|if,  b4)  <  0.5. 

Since  P(E|  if)  =  P(E| if,  S(l) )  ♦  P(E| if,  S(2) ) 

♦  P(E| if,  S ( 3 ) )  *  P(E|  if,  S( 4 ) ) , 


the  worst  -  case  value  for  P ( E I  if)  is 

p(E‘ ^maximum  “  t°.5  +  1  +  1  *  °-5]  “  °-75- 
Consequently, 


P(E|fb)n>aximum  “  P(Elcf)/[l  -  0.75]  =  4-P(E|cf). 

With  one  -  tap  DFE,  the  worst  case  increase  in  the  system  error 

rate  due  to  the  error  propagation  effect  of  decoder  errors  is 
a  factor  of  four.  (This  upper  bound,  however,  is  quite 
pessimistic;  undoubtly,  tighter  bounds  that  depend  on  the 
channel  characteristics  can  be  found).  For  the  experimentally 
found  pulse  shapes,  this  maximum  penalty,  in  terms  of  an 
increase  in  the  required  optical  power  to  realize  the  desired 
BER  as  compared  to  the  ideal  DFE  situation,  is  less  than 
0.5  dB.  (The  actual  penalty  equivalent  to  the  computed  <20% 
increase  in  the  BER  is  less  than  0.1  dB). 

The  upper  bound  found  above  was  for  a  4  level  PAM  system 
with  6 ray  coding  and  one-tap  DFE.  A  much  richer  result  can  be 
obtained  if  the  number  of  levels.  A,  and  the  number  of  feedback 
taps,  N,  are  variable.  With  the  assumption  that  the  binary 
data  represented  by  each  level  follows  a  Gray  code,  and  if  the 
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probability  of  making  an  error  given  correct  feedback  is 
negligible  compared  to  the  probability  of  making  an  error  given 
incorrect  feedback  (which  should  be  true  for  most,  if  not  all, 
communication  systems  employing  DFE),  then 

p(Elfb)maxirmjm  =  p(EI cf )/(l-P(EI if) )N  <  P(E|cf)-AN  (5.12) 

This  result  is  derived  in  Appendix  D. 

5.7  Limitations  of  the  Analysis  Methods 

The  methods  used  in  the  computer  program  (as  discussed  in 
Sections  5.2  to  5.6)  to  analyze  the  experimental  4  level  PAM 
system  should  be  accurate  to  within  1  dB,  given  accurate 
experimental  data.  This  is  because  the  analysis  involved  the 
use  of  an  accurate  system  model  with  all  possible  signal 
combinations  being  considered,  and  with  only  one  minor 
simplification.  For  the  amount  of  ISI  present  in  the 
experimental  system,  especially  with  only  one  -  tap  DFE  being 
used,  this  exhaustive  but  accurate  analysis  is  fairly  quick 
when  the  program  is  compiled  before  running.  (The  program  is 
written  in  BASIC  and  can  be  run  either  as  is  with  an 
interpreter  or  compiled  first  before  running).  As  was 
mentioned  previously  ,  for  large  amounts  of  ISI  this  analysis 
involves  considerable  amounts  of  number  crunching  because  of 
the  power  -  law  increase  in  the  number  of  ISI  possibilities 
that  have  to  be  considered  as  well  as  the  slower  convergence  of 
the  program  to  the  proper  signal  levels  and  decoder  thresholds 
with  increasing  ISI.  Thus,  if  enough  ISI  is  involved  to 
warrant  the  use  of  two  or  three  tap  DFE  in  the  experimental 
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system,  other  more  approximate  but  faster  methods  of  system 
analysis  should  be  considered. 


CHAPTER  6.  THEORETICAL  AND  EXPERIMENTAL  SYSTEM  PERFORMANCE 


The  experimental  test  setup  for  the  4  level  PAM  system  is 
shown  in  Fig.  6.1.  With  this  setup,  the  system  performance,  in 
terms  of  the  system  BER  as  a  function  of  the  received  optical 
power  and  data  rate,  was  found.  The  measured  ODP  performance 
and  the  received  pulse  shapes  were  used  to  determine  the 
theoretical  system  performance  through  the  program  discussed  in 
Chapter  5  and  listed  in  Appendix  C.  This  chapter  summarizes 
the  measured  and  analytical  results,  and  on  the  basis  of  these 
an  evaluation  of  the  usefulness  of  multilevel  signalling  with 
DFE  over  dispersive  fiber  channels  is  made. 

6.1  The  Experimental  System  Setup. 

Referring  to  Fig.  6.1,  the  clock  source  for  the  system  is 
a  Wavetek  178  Programmable  Waveform  Synthesizer.  The  maximum 
clock  frequency  available  from  this  source  is  50  MHz,  which 
limits  the  maximum  system  data  rate  to  50  Mb/s.  This  rate  was 
above  the  expected  maximum  useful  rate  for  the  overall  system. 

The  pseudo-random  data  used  to  test  the  link  is  generated 
by  a  HP  3762A  data  generator.  The  generated  bit  stream  can  be 
either  210-1,  215-1,  or  223‘1  bits  in  length.  With  the  coding 
performed  by  the  transmitter,  the  resulting  4  level  signal  also 
has  either  a  210-1,  215-1,  or  a  223-l  pattern  length.  It  was 
found  that,  for  the  longer  pseudo-random  data  streams,  there  is 
enough  low  frequency  signal  content  to  cause  a  dc  level  shif^ 
in  the  received  and  amplified  signal.  This  dc  drift  is 
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Fig.  6.1  The  Experimental  4  Level  PAM  System  Test  Setup 
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sufficient  to  adversely  affect  the  system  error  rate.  Although 
the  addition  of  extra  data  coding  would  have  removed  some  of 
this  low  frequency  signal,  the  topic  of  coding  beyond  the 
binary  to  4  level  code  used  was  not  pertinent  to  this  project. 
Consequently,  the  210-1  bit  pattern  from  the  pseudo-random 
generator  was  used  for  testing  the  system. 

The  4  level  optical  signal  is  launched  into  the  channel  by 
butt-coupling  the  Siecor  fiber  to  the  transmitter  LED  pigtail. 
By  controlling  the  gap  between  the  two  fiber  ends,  the  launched 
power  can  be  readily  controlled.  Another  possible  method  of 
power  control  would  have  been  to  control  the  LED  drive  current. 
However,  this  could  result  in  a  change  in  the  transmitted  pulse 
rise  and  fall  times,  as  well  as  its  signal  to  (clock)  noise 
ratio,  and  hence  was  avoided.  Also,  it  proved  to  be  much 
easier  to  adjust  the  received  power  level  with  the  gap 
attenuator. 

The  transmitted  optical  signal  is  detected  and  amplified 
by  the  ODP  and  main  amplifier.  The  resulting  signal  is  then 
equalized  before  decoding.  The  proper  clock  signal  required 
for  decoding  the  received  signal  is  obtained  by  delaying  the 
system  clock  generated  by  the  Wavetek  synthesizer.  This  delay 
is  provided  by  a  HP  1910A  delay  generator,  and  can  be  adjusted 
from  0  to  100  ns  in  5  ns  steps.  The  delayed  clock  signal  is 
buffered  by  a  HP  3 7 6 3 A  error  detector  before  being  routed  to 
the  decoder.  The  error  detector  calculates  the  system  BE R  by 
measuring  the  time  required  to  receive  either  10  or  100  errors. 
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By  monitoring  the  calculated  BER  over  several  updates,  the 
system  BER,  averaged  over  many  (>1000  where  possible)  errors, 
is  obtained. 

At  low  error  rates,  the  time  required  to  receive  10  to  100 
errors  at  a  system  data  rate  of  40  Mb/s  or  less  is  quite  long. 
For  example,  at  a  data  rate  of  40  Mb/s  and  a  BER  of  10"9,  the 
average  time  required  to  receive  10  errors  is  over  4  minutes. 
This  long  time  required  before  even  a  rough  estimate  of  the 
system  performance  can  be  obtained  resulted  in  three  major 
problems  at  low  system  error  rates: 

1.  With  a  long  time  delay  before  a  system  adjustment 
(such  as  an  adjustment  of  the  signal  levels,  decoder 
thresholds,  or  the  amount  of  feedback)  can  be  evaluated, 
optimization  of  the  system  is  difficult.  At  a  system  BER  of 
10~7  or  more,  this  problem  does  not  exist,  as  an  adjustment  can 
be  evaluated  over  100  errors  in  25  seconds  or  less  (at  a  data 
rate  of  40  Mb/s). 

2.  The  laboratory  environment  is  not  conducive  to  system 
evaluation  over  long  time  periods  because  of  the  presence  of  RF 
noise.  When  the  system  is  optimized  for  the  particular 
operating  conditions,  it  is  quite  sensitive  to  this  RF  noise. 
With  the  presence  of  high  powered  lasers  and  motors  in  the  same 
building  as  the  laboratory,  day-time  tests  at  low  BERs  are 
difficult,  even  with  shielded  circuits.  The  RF  noise  most 
probably  enters  the  system  through  the  power  supplies  and  power 
supply  connections.  This  noise,  being  burst  noise  in  nature, 
causes  bursts  of  errors  as  opposed  to  the  more  uniformly  spaced 
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errors  caused  by  the  system  noise.  This  problem  was  alleviated 
by  testing  the  system  at  night. 

3.  It  was  found  that  the  power  supplies  used  drift 
slightly  over  time  periods  of  several  minutes  to  half  an  hour. 
With  the  decoder  thresholds  being  determined  by  resistive 
dividers,  this  power  supply  drift  causes  slight,  but 
measurable,  drifts  in  the  decoder  thresholds.  This  usually 
causes  the  system  BER  to  slowly  increase  from  the  optimized 
value  by  a  factor  of  10  to  100  over  a  period  of  30  minutes  or 
longer. 

Whenever  it  was  possible,  the  BER  was  measured  over 
thousands  of  errors.  At  a  data  rate  of  40  Mb/s  and  a  BER  of 
10-6  ,  1000  errors  would  occur,  on  the  average,  in  25  seconds. 
Thus,  accurate  system  optimization  and  characterization  could 
easily  be  obtained  for  this  error  rate  or  higher.  At  night, 

_  o 

assessment  of  the  system  performance  at  a  BER  as  low  as  10 

over  several  hundred  errors  could  be  made.  However,  because  of 

the  first  and  third  problems  mentioned  above,  accurate 

assessment  of  the  system  at  error  rates  below  10  was 

-9 

difficult.  The  optimum  received  power  requirements  for  a  10 
BER  are  easily  determined  through  graphical  extrapolation  of 
the  higher  BER  results. 

The  overall  system  was  operated  without  errors  for  15 
minutes  at  30  Mb/s  and  at  a  received  power  level  of  -40  dBm. 
This  corresponds  to  an  error  rate  below  4*10  ,  with  no 

discernible  lower  limit  save  those  determined  by  power  supply 
drift,  RF  noise,  and  transmitter  and  receiver  limitations. 


1 
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The  measurements  and  theoretical  results  for  the 
experimental  system  are  given  in  the  following  sections. 
Because  of  the  need  to  determine  the  ODP's  bandwidth  before  the 
fiber  bandwidth  can  be  estimated,  the  ODP  performance  will  be 
discussed  first. 

6.2  The  Optical  Detector  and  Preamplifier 

In  Chapter  4  and  Appendix  B,  the  design  of  the 
preamplifier  used  in  conjunction  with  the  RCA  silicon  APD  was 
considered.  The  resulting  circuit  was  analyzed  to  determine 
its  bandwidth,  trans impedance,  noise  parameters,  and  optimum 
biasing  conditions.  These  expected  results,  however,  are 
strongly  dependent  on  the  circuit  component  parameters,  which 
may  vary  considerably  from  device  to  device.  For  instance,  the 
current  gain  of  the  transistors  was  assumed  to  be  50  in  the 
design  procedure.  However,  the  actual  current  gain  may  be 
anywhere  from  25  to  200,  according  to  Motorola's  technical  data 
[75].  Thus,  the  preamplifier  circuit  design  allowed  for 
adjustment  of  the  biasing  conditions  to  help  compensate  for 
device  variations. 

The  initial  bias  current  for  the  preamplifier  cascode 
stage  was  set  to  the  design  value  of  0.2  mA,  and  consequently 
the  expected  bandwidth  for  the  ODP  was  9.35  MHz.  However,  the 
maximum  negligible  ISI  (as  far  as  the  effect  of  the  ISI  on  the 
system  BER  is  concerned)  bit  rate  that  could  be  obtained  with 
this  biasing  current  was  14  Mb/s  (7  Mbaud/s).  When  the  cascode 
biasing  current  was  increased  to  0.29  mA,  the  negligible  ISI 
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bit  rate  increased  to  20  Mb/s.  This  indicates  that  the  ODP 
bandwidth  at  the  lower  bias  current  is  too  low  compared  to  the 
fiber  bandwidth.  A  further  increase  in  the  bias  current  beyond 
0.29  mA  resulted  in  an  increase  in  the  preamplifier  noise  level 
while  not  significantly  increasing  the  maximum  attainable 
negligible  ISI  bit  rate  for  the  system.  The  0.29  mA  current 
resulted  in  the  lowest  possible  noise  level  (without  having  to 
measure  the  parameters  of  the  individual  transistors  used  and 
optimizing  the  design  around  these  parameters)  while  not 
causing  too  much  preamplifier-introduced  signal  dispersion. 
The  estimated  preamplifier  bandwidths  for  the  0.2  mA  and  0.29 
mA  cascode  biasing  currents  are  7.5  and  14  MHz  respectively. 
To  determine  these  bandwidths,  the  670  m  length  of  Siecor  fiber 
was  replaced  with  a  much  shorter  length  of  fiber,  so  that  the 
fiber  bandwidth  was  much  higher  than  the  receiver  bandwidth  and 
hence  did  not  contribute  to  the  received  pulse  dispersion. 

The  expected  ODP  performance  for  a  cascode  biasing  current 
of  0.2  mA  was  determined  in  Appendix  B.  The  same  analysis  was 
applied  to  the  0.29  mA  biasing  current  case  for  comparison  with 
the  experimental  data. 

The  preamplifier  transimpedance  and  noise  parameters  were 
estimated  by  measuring  the  output  signal  and  noise  levels  for  a 
known  optical  input  power.  This  was  done  at  10  Mb/s  to  ensure 
that  there  was  no  ISI.  The  detector  responsivity  was  assumed 
to  be  77,  as  specified  by  RCA.  Equations  5.1  and  5.2  were  then 
used  to  estimate  the  preamplifier  transimpedance,  thermal  noise 
level,  and  shot  noise  parameter. 
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Table  6.1  summarizes  the  theoretical  and  measured  values 
for  the  ODP  parameters  for  both  the  0.2  mA  and  0.29  mA  biasing 
currents. 


ODP  Parameter 

Theoretical 

Measured 

Bandwidth  I c=0 . 20  mA 

I c=0 . 29  mA 

9.35  MHz 
13.5  MHz 

7.5  MHz 

14  MHz 

Transimpedance  Ic=0.20  mA 

lc=0 .29  mA  ; 

13.0  k 

13.3  k 

=  15.0  k 
=  15.0  k 

Thermal  Noise  Ic=0.20  mA 

I c= 0 .29  mA 

0.07  mV  RMS 
0.10  mV  RMS 

=0.1  mV  RMS 
=0.1  mV  RMS 

Shot  Noise  lc=0 .20  mA 

Parameter  I c= 0 .29  mA 

55  uV 

79  uV 

=  60  uV 
=  70  uV 

Table  6.1  Theoretical  and  Measured  Preamplifier  Parameters. 

With  the  exception  of  the  lower  bias  current  bandwidth, 
the  measured  parameters  agree  quite  closely  with  their  expected 
values,  considering  the  possible  device  variations.  The 
measured  thermal  noise  magnitudes  could  only  be  estimated 
(because  of  their  small  magnitudes),  and  consequently  they  are 
probably  only  accurate  to  within  30%.  Measurement  of  the 
thermal  noise  for  Ic-0.29  mA  was  complicated  by  the  fact  that 
there  is  a  small  high  frequency  (100  MHz  or  higher)  oscillation 
present  in  the  preamplifier  output  at  this  higher  bias  current. 
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The  amplitude  of  this  oscillation  is  0.5  mV  RMS,  and  is 
completely  swamped  by  shot  noise  except  at  the  lowest  signal 
level.  Since  this  oscillation  frequency  is  quite  high,  it 
appears  as  white  noise  to  the  decoder,  and  cannot  be  discerned 
from  the  actual  noise  when  viewing  the  receiver  eye  diagrams. 
It  does  not  seem  to  indicate  preamplifier  instability,  since 
the  preamplifier  bias  currents  and  hence  bandwidth  can  be 
increased  considerably  without  difficulty.  Most  likely,  this 
oscillation  is  pickup  from  an  undetermined  source. 

The  system  bandwidth  is  determined  by  both  the  ODP 
bandwidth  and  the  fiber  bandwidth.  When  the  received  optical 
power  is  increased  above  -44  dBm,  with  all  other  parameters 
held  constant,  it  is  noticed  that  the  system  bandwidth 
increases  slightly.  For  high  bit  rates  (40  Mb/s),  this  system 
bandwidth  increase  causes  the  ISI  to  decrease  enough  to 
substantially  affect  the  BER.  The  reason  for  this  bandwidth 
increase  is  apparent  once  the  magnitude  of  the  signal  current 
produced  by  the  APD  is  considered.  This  current  is  equal  to 
the  received  optical  power  divided  by  the  APD  respons i v  i ty. 
With  the  preamplifier's  cascode  stage  base  bias  current  being 
slightly  under  6  uA,  the  required  received  optical  power  to 
cause  a  signal  current  of  the  same  magnitude  as  this  bias 

current  is 

pi  =  6 u A/ (77  A/W)  =  78  nW,  or  -41  dBm. 

Thus,  for  received  signal  levels  above  -41  dBm,  the  APD  signal 
current  is  large  enough  to  substantially  increase  the  cascode 
transistor's  collector  current.  This  causes  the  ODP  bandwidth, 


and  hence  the  system  bandwidth,  to  increase.  The  nature  of 
this  increase  also  means  that  it  will  be  largest  for  the 
highest  signal  levels,  leading  to  non-uniform  pulse  dispersion 
for  the  different  pulse  levels.  This  non-uniformity  will  start 
when  the  highest  received  signal  power  is  in  the  vicinity  of 
-41  dBm,  or  when  the  average  received  power  is  around  -44  dBm. 

6.3  Transmitter  Performance  and  Fiber  Characteristics. 

The  maximum  useful  bit  rate  for  the  transmitter  is  40 
Mb/s,  or  20  Mbaud/s  for  the  4  level  signal.  At  this  bit  rate, 
the  dispersion  introduced  by  the  transmitter  bandwidth 
limitation  is  noticeable,  but  the  transmitted  signal  eye 
diagram  is  still  fully  open.  At  50  Mb/s,  however,  the 
transmitted  eye  corresponding  to  the  lower  signal  levels  is  not 
fully  open.  The  other  two  eyes  (for  a  4  level  PAM  signal, 
there  are  three  eyes),  however,  are  still  quite  wide, 
indicating  that  the  dispersion  is  not  uniform  across  the 
overall  4  level  signal.  More  will  be  said  about  this  when  the 
received  waveforms  are  discussed.  This  behavior  is  due  to  the 
LED  character i st i cs.  If  the  LED  is  always  biased  on  and 
intensity  modulated,  its  bandwidth  is  larger  than  if  it  were 
pulsed  on  and  off.  The  lower  signal  eye  corresponds  to  the  LED 
being  turned  on  and  off.  Consequently,  the  signal  rise  and 
fall  times  correspondi ng  to  this  eye  are  larger  than  the  rise 
and  fall  times  corresponding  to  the  other  eyes,  and  hence  this 
eye  is  the  first  to  close  as  the  transmitter  baud  rate  is 


increased . 
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The  transmitter-introduced  dispersion  for  the  lower  eye 
can  be  compensated  for  at  the  receiver  with  DFE  but,  because 
the  dispersion  is  not  uniform,  this  DFE  would  result  in 
overcompensation  for  the  other  two  eyes. 

The  40  Mb/s  transmitter  met  the  design  specifications,  and 
was  sufficient  to  evaluate  the  effectiveness  of  DFE  as  an 
equalization  method  for  the  channel.  The  peak  optical  power 
launched  into  the  Siecor  fiber  (which  occurred  when  the  gap 
attenuator  was  adjusted  to  provide  the  best  possible  coupling) 
was  -13  dBm. 

From  the  manuf acturer's  specifications,  the  expected  fiber 
loss  for  the  670  m  length  was  20  dB,  and  the  expected  (3  dB 
optical)  fiber  bandwidth  was  around  7.5  MHz.  The  measured 
fiber  loss  is  21  dB,  close  to  the  expected  value.  Estimation 
of  the  fiber's  actual  bandwidth,  however,  is  complicated 
because  of  the  influence  of  the  ODP's  bandwidth  on  the  overall 
system  bandwidth. 

The  fiber  bandwidth  was  estimated  at  a  received  power  of 
less  than  -44  dBm,  so  that  the  ODP  bandwidth  stayed  constant 
and  hence  could  be  accounted  for.  To  estimate  the  3  dB 
electrical  bandwidth  of  the  fiber  (which  is  slightly  lower  than 
its  optical  bandwidth),  the  channel  bandwidth  (determined  by 
both  the  fiber  and  ODP  bandwidth)  was  estimated  by  observing 
the  received  pulse  shapes.  The  received  pulse's  normalized 
peak  value  h0  (introduced  in  Chap.  5)  represents  the  channel's 
response  to  a  single  pulse.  If  a  square  wave  is  transmitted 
instead  of  a  single  pulse,  the  received  normalized  pulse  peak 


, 


to  peak  amplitude  will  approximately  be  l-2h0*  When  this  value 
equals  ,  the  frequency  of  the  square  wave  is  at  the 

channel's  3  dB  (electrical)  bandwidth.  Section  6.6  summarizes 
the  received  pulse  shapes.  Referring  to  this  section,  the 
value  of  h0  for  a  data  rate  of  30  Mb/s  (15  Mbaud/s)  is  0.9;  at 
40  Mb/s  (20  Mbaud/s),  hQ  is  o.8.  Thus,  at  15  Mbaud/s, 
(corresponding  to  a  square  wave  with  a  frequency  of  7.5  MHz), 
l-2hQ  =  0.8,  and  at  20  Mbaud/s  (10  MHz),  l-2hQ  =  0.6.  The 
channel  bandwidth  is  thus  between  7.5  and  10  MHz.  Using  a 
value  of  8  MHz,  and  with  the  0DP  bandwidth  being  14  MHz,  the 
fiber  3  dB  electrical  bandwidth  is  estimated  to  be  10  MHz, 
somewhat  above  the  value  obtained  from  the  manuf acturer's  data. 

Table  6.2  summarizes  the  transmitter  and  fiber 
characteristics  mentioned  above. 


Parameter 

Expected 

Measured 

Peak  Transmitter  Power 

-10  to  -15  dBm 

-13  dBm 

Maximum  Transmitter  Bit  Rate 
With  4  Level  Signalling 

40  Mb/s 

40  Mb/s 

Fiber  Attenuation 

20  dB 

21  dB 

Maximum  Fiber  Bandwidth 

=  7.5  MHz 

10  MHz 

Table  6.2  Expected  and  Measured  Transmitter 


and  Fiber  Characteristics 
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6.4  The  A6C  Amplifier 


The  AGC  amplifier  was  tested  by  applying  the  binary  data 
stream  produced  by  the  data  generator  through  step  attenuators 
to  the  amplifier.  Since  this  data  stream  contained  both  long 
strings  of  ones  and  long  strings  of  zeros  (long  enough  to  have 
significant  spectral  energy  at  frequencies  below  the 
amplifier's  bandwidth,  even  for  a  data  bit  rate  above  the 
amplifier  bandwidth),  as  well  as  isolated  ones  and  zeros,  the 
amplifier  bandwidth  could  be  determined  without  interference 
from  the  AGC  circuitry.  If  a  sinusoidal  signal  source  were 
used,  the  AGC  circuitry  would  compensate  for  the  decrease  in 
the  ampl  if  ier  gain  with  increasing  signal  frequency,  and  the 
apparent  amplifier  bandwidth  would  be  much  higher  than  its 
actual  bandwidth.  The  step  attenuators  allowed  determination 
of  the  maximum  amplifier  gain  and  dynamic  range. 

The  amplifier  output  signal  level  can  be  adjusted  to  any 
desired  level  under  0.5  V  peak  to  peak  (p-p)  by  adjustment  of 
the  appropriate  potentiometer  in  the  AGC  control  loop 
(Fig.  4.7,  potentiometer  P2).  It  was  found  that  for  any  given 
potentiometer  setting,  however,  the  output  level  increased 
slightly  with  an  increase  in  the  data  rate.  Consequently,  when 
the  output  was  kept  below  0.5  V  p-p  for  the  40  Mb/s  4  level 
signal,  the  output  level  at  10  Mb/s  was  363  mV  p-p.  This 
change  was  of  no  consequence,  because  the  decoder  thresholds 
were  optimized  for  each  system  baud  rate.  The  reason  for  this 
behavior  was  due  to  a  pole  in  the  peak  detector  circuitry, 
which  caused  some  partial  signal  integration  and  hence  average 


detection  at  high  frequencies  as  opposed  to  peak  detection  at 
low  frequencies. 

The  signal  amplitude  from  the  data  generator  was  4.7  V 
p-p.  The  output  level  for  a  data  rate  of  10  Mb/s  was  set  to 
363  mV  p-p,  so  that  the  output  amplitude  at  higher  data  rates 
was  below  the  maximum  amplifier  output  amplitude  of  0.5  V. 
This  setting  was  used  for  all  system  tests  involving  the  A6C 
amplifier.  Without  any  signal  attenuation,  the  amplifier 
"gain"  required  was  20 1  og(0.363  V/4.7  V),  or  -22  dB.  Although 
the  amplifier  can  provide  a  signal  loss,  this  loss  is  outside 
the  useful  gain  control  region  of  the  MC1590  integrated  circuit 
amplifiers  used  in  the  A6C  amplifier,  and  thus  the  amplifier 
output  had  considerable  distortion.  The  addition  of  5  dB  of 
input  signal  attenuation  brought  the  required  loss  within  the 
range  of  the  amplifier. 

The  dynamic  range  of  the  amplifier  was  defined  by  the 
input  signal  range  over  which  the  output  signal  level  remained 
within  3  dB  of  its  maximum  value  without  undue  distortion. 
This  range  was  determined  to  be  61  dB.  The  amplifier's  maximum 
gain  is  40.6  dB,  and  its  maximum  loss  is  approximately  17  dB. 
The  minimum  signal  level  required  to  be  within  3  dB  of  the 
maximum  output  level  (of  363  mV)  is  2.4  mV.  The  input  referred 
noise  level,  in  comparison,  is  0.15  mV,  with  the  largest 
component  of  this  being  power-line  (60  Hz)  harmonics.  The 
ratio  of  the  input  signal  required  to  obtain  the  maximum 
(-3  dB)  output  to  this  input-referred  noise  is  24  dB. 
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The  amplifier  bandwidth  was  estimated  to  be  45  MHz,  well 
above  the  required  bandwidth.  Table  6.3  summarizes  the  AGC 
amplifier  performance. 


Test  conditions  (except  bandwidth  test)  :  50  ohm  load, 

Vo  =  363  mV  (-8.8  dB)  maximum,  20  Mb/s,  2*®-i  bit 
length  pseudo-random  binary  data. 

Maximum  input  signal  level 

2.6  V/  8.4  dB 

Minimum  input  signal  level  for 

Vo=  -11.8  dB  (3  dB  down) 

2.4  mV/  -52.6  dB 

Maximum  useful  amplifier  attenuation 

17  dB 

Maximum  amplifier  gain 

40.6  dB 

Dynamic  Range 

61  dB 

Input  referred  noise  level, 
with  no  signal  input 

0.15  mV/  -77  dB 

3  dB  Bandwidth,  for  Vi=  83  mV  (-25.4  dB) 
Gain  =  17.4  dB,  Vo  =  430  mV  (-8.0  dB) 

45  MHz 

Table  6.3.  Summary  of  the  AGC  Amplifier  Performance. 
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6.5  The  Decoder 


The  decoder  can  operate  at  data  rates  of  50  Mb/s  with  no 
apparent  difficulty.  Clock  noise,  although  present,  is  low  and 
thus  not  a  problem.  One  previously  mentioned  problem  that  was 
observed  was  the  drifting  of  the  decoder  thresholds  with  power 
supply  drift.  For  continuous  system  operation,  this  problem 
could  be  solved  by  using  temperature-compensated  on-board 
vol tage  requl ators. 

Another  difficulty  encountered  in  the  decoding  operation 
was  that  of  finding  the  optimum  delay  for  the  delayed  clock. 
For  the  error  measurements,  the  delay  setting  that  gave  the 
best  results  was  used.  However,  because  of  the  5  ns  maximum 
resolution  available  with  the  delay  generator,  the  optimum 
timing  usually  could  not  be  obtained.  This  was  especially  true 
for  the  40  Mb/s  signal,  where  the  baud  interval  was  50  ns.  The 
maximum  eye  width  (for  -40  dBm  received  optical  power  and  DFE) 
was  about  15  ns,  and  thus  could  be  sampled  at  only  three 
possible  points.  A  delay  generator  with  higher  resolution 
would  have  aided  in  sampling  the  received  signal  properly. 

6.6  The  Channel  Pulse  Responses 

The  analysis  methods  discussed  in  Chapter  5  require  the 
sampled  time  system  pulse  responses.  These  methods  assume  that 
the  system  response  is  invariant  to  the  received  power  level, 
and  that  the  pulse  shape  is  identical  for  all  possible  pulse 
amplitudes.  Experimentally,  this  situation  did  not  exist,  for 


two  forenamed  reasons: 
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1.  Above  a  received  power  level  of  -44  dBm,  the  APD 
signal  current  is  comparable  to  the  base  bias  current  of  the 
cascode  transistors.  This  causes  the  ODP  bandwidth  to  increase 
enough  to  affect  the  received  pulse  shapes.  Since  this 
increase  is  greater  for  higher  signal  powers  (until  the  ODP 
saturates),  the  highest  signal  level  has  the  least  amount  of 
ODP- introduced  dispersion  (and  a  slightly  increased  noise  level 
due  to  the  bandwidth  increase  as  well  as  the  shot  noise 
increase) . 

2.  The  LED  turn-on  and  turn-off  times  cause  the  lowest 
signal  eye  to  close  first  and,  consequently,  the  dispersion  is 
not  linear  across  the  whole  signal.  This  limits  the  usefulness 
of  DFE,  since  ideal  compensation  for  the  lowest  signal  level 
results  in  overcompensation  for  the  other  signal  levels. 

These  two  phenomena,  especially  the  LED  turn-on  and  turn¬ 
off  limitation,  made  accurate  determination  of  the  approximate 
system  pulse  responses,  for  use  in  the  analysis  program, 
difficult.  The  pulse  shapes  used  represent  average  pulse 
shapes,  and  were  determined  from  the  received  and  unequalized 
signal  eye  diagrams,  as  well  as  from  the  individual  pulse 
responses  observed  (and  averaged  in  order  to  reduce  the  noise 

variance)  on  the  oscilloscope. 

The  non-uniform  dispersion,  as  mentioned,  caused  some 
difficulties  in  finding  the  optimum  amount  of  DFE.  It  also 
complicated  the  sampling  process,  because  the  three  eyes  in  the 
eye  diagram  were  fully  open  at  slightly  different  times. 


* 
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Thus,  a  sampling  time  that  may  be  optimum  for  one  of  the  eyes 
would  not  be  optimum  for  the  other  two  eyes. 

In  digital  systems,  the  signal  pulses  are  sampled  at,  or 
close  to,  the  time  they  reach  a  maximum.  This  type  of  sample 
timing  will  be  referred  to  as  center  sampling.  For  optimum 
equalization,  center  sampling  is  near  optimum.  However,  since 
DFE  does  not  compensate  for  the  pulse  precursors,  center 
sampl  ing  is  usual  ly  not  optimum  if  DFE  is  being  used  without 
additional  precursor  equalization.  For  the  pulse  shapes  found 
in  many  fiber  systems,  better  results  can  theoretically  be 
obtained  if  the  pulse  is  sampled  slightly  before  it  reaches  its 
maximum  [28].  Although  this  results  in  a  decrease  in  the 
sampled  pulse  maximum,  it  also  decreases  the  precursor  ISI 
terms.  The  postcursor  ISI  terms  are  increased,  but  these 
increases  are  of  little  consequence  because  the  postcursor 
terms  can  be  cancelled  by  DFE.  For  the  pulse  shapes  found  for 
this  system,  the  precursor  term  could  theoretical  ly  be  made 
negligible  through  this  timing  shift,  with  a  small  decrease  in 
the  maximum  pulse  amplitude.  The  amount  of  timing  shift  used 
could  be  analytically  varied  in  order  to  determine  the  optimum 
sampling  point  for  the  pulse. 

Both  center  sampling  and  shifted  sampling  were  analyzed  by 
the  program  listed  in  Appendix  C.  In  the  experimental  system, 
however,  because  of  the  lack  of  timing  resolution,  only  center 
or  near  center  sampling  could  be  obtained.  Hence,  experimental 
verification  of  the  benefits  of  offset  sampling  could  not  be 
obtained  for  this  system.  Furthermore,  a  lot  of  the  benefit 


, 


■  '  '  t  ■  .  •  ■  1 


160 


obtainable  from  shifted  sampling  cannot  be  realized  when  there 
is  non-uniform  pulse  dispersion. 

Fig.  6.2  illustrates  the  average  received  pulse  shapes  for 
the  system.  From  these  shapes,  Table  6.4  was  derived.  This 
table  gives  the  sampled  pulse  vectors  used  in  the  program. 
With  this,  al  1  required  parameters  for  the  program  have  been 
given,  and  the  expected  system  behavior  (BER  vs.  received  power 
and  the  data  rate)  can  be  determined  and  compared  with  the 
measured  system  behavior. 


Fig.  6.2  Measured  Fiber/ODP  Pulse  Responses 

1.  20  Mb/s,  low  power  (<  -44  dBm  received  optical  power) 

2.  30  Mb/s,  low  power 

3.  40  Mb/s,  low  power  ...... 

4.  40  Mb/s,  high  power  (>  -44  dBm  received  optical  power) 
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Data  Rate  /  Test  Conditions 

H,  H£  Pulse  Shapes 

10  Mb/s,  reduced  receiver 
bandwidth  ( I c=0 .20  mA) ,  low 
received  power  (  <-40  dBm  ) 

No  I SI , 

pulse  maximum  =  1 
(  H=[0 ,  1,  0]  ) 

20  Mb/s,  increased  receiver 
bandwidth  (  I c=0 . 29  mA  ) 
low  received  power 

H'  =  [0 ,  0.62,  1.0  ,  0.40,  0] 

H  =[0,  1,  0]  No  I SI . 

Energy  Reference  Pulse  Shape 

30  Mb/s,  increased  receiver 
bandwidth,  low  received 
power,  both  centered  and 
shifted  sampling 

Centered  Sampled: 

H'  =  [0. 06  , 0.57  ,0.9  , 0.49  ,0.1  ,0] 
H  =[.06,  .9,  .1] 

Shifted  Sampling: 

H'=[0, 0.47  ,0.89  ,0.58  ,0.18  ,0] 

H  =[0,  .89,  .18] 

40  Mb/s,  increased  receiver 
bandwidth,  low  received 
power,  both  centered  and 
shifted  sampling 
equalized  pulse  shape 

Centered  Sampled: 
H'=[.l,.48,.8,.48,.21,.01,0] 

H  =[0.1,  0.8,  0.21] 

Shifted  Sampling: 
H'=[0,.31,.73,.65,.3,.08,0] 

H  =[0,  0.73,  0.3] 

40  Mb/s,  increased  receiver 
bandwidth,  high  received 
power  (  >  -40  dBm  ) , 
centered  sampling 
unequalized  pulse  shape 

Centered  Sampled: 

H'=[0. 1  ,0. 56  , 0.84  , 0.43, 0.1  ,0] 
H  =[0.1,  0.84,  0.1] 

Table  6.4  Summary  of  the  Sampled  Pulse  Vectors  used 
in  the  System  Analysis  Program 
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6.7  Summary  of  the  Analytic  and  Measured  System  Performance 

The  system  was  tested  at  data  rates  of  10  Mb/s,  20  Mb/s, 
30  Mb/s,  and  40  Mb/s.  The  10  Mb/s  test  was  with  the  reduced 
preamplifier  bandwidth,  and  thus  is  not  directly  comparable 
with  the  other  tests.  It  was  included  to  show  the  effect  of 
the  receiver  bandwidth  on  the  system  performance.  All  the 
other  system  tests  were  made  with  the  increased  receiver 
bandwidth,  to  ensure  that  the  pulse  dispersion  was  caused 
primarily  by  the  fiber  and  not  the  receiver. 

The  system  tests  performed  are  listed  below: 


Data  Rate 

Equalization  Condition 

Remarks 

10  Mb/s 

No  Equalization 

Reduced  Receiver  Bw 

No  ISI 

20  Mb/s 

No  Equal ization 

Highest  No  ISI  data 
rate  (with  increased 
receiver  bandwidth) 

30  Mb/s 

No  Equalization 

DFE 

Some  ISI  present 

Small  Residual  ISI 

40  Mb/s 

No  Equal ization 

DFE 

Severe  ISI  present  at 
low  power,  significant 
ISI  at  high  power 

Some  Residual  ISI  at 
low  power,  less  at 
higher  power 

Table  6.5.  Performed  System  Tests. 
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The  theoretical  results  obtained,  and  their  appropiate 
conditions,  are  as  follows: 

!•  10  Mb/s,  reduced  receiver  bandwidth  ( I c=0 . 2  mA) 

2.  20  Mb/s  (increased  receiver  bandwidth  for  this  and 
all  subsequent  theoretical  results)  ( I c=0 .29  mA) 

3.  30  Mb/s,  ideal  equalization 

4.  30  Mb/s,  ideal  (shifted  sampling)  one-tap  DFE 

5.  30  Mb/s,  centered  sampled  one-tap  DFE 

6.  30  Mb/s,  no  equalization 

7.  40  Mb/s,  ideal  equalization,  low  power  pulse  shape 

8.  40  Mb/s,  ideal  one-tap  DFE,  low  power  pulse  shape 

9.  40  Mb/s,  centered  sampled  one-tap  DFE,  low  power 
pulse  shape  (  <  -43  dBm  ) 

10.  40  Mb/s,  no  equalization,  high  power  pulse  shape 
(  >  -43  dBm  ) 

Figures  6.3  to  6.7  compare  the  theoretical  and  measured 

system  performances.  Fig.  6.3  summarizes  all  the  theoretical 

results  obtained.  From  this  graph,  it  is  evident  that  one-tap 

DFE  with  optimum  timing  results  in  a  small  power  penalty  of  1.3 

-  ft 

dB  or  less  (at  a  BER  of  10  )  for  a  two-fold  increase  in  the 

system  data  rate.  Using  non-optimum  center  sampling,  the 
theoretical  penalty  is  5.4  dB.  In  comparison,  consider  the  10 
Mb/s  and  20  Mb/s  curves.  The  10  Mb/s  curve  indicates  the 
system  performance  with  the  reduced  receiver  bandwidth  and  no 
I  SI.  The  maximum  data  rate,  with  negligible  ISI  and  a  reduced 
receiver  bandwidth,  is  14  Mb/s.  (continued  on  page  169) 
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Fig.  6.3  Theoretical  System  Performance  Summary. 


1.  10  Mb/s,  no  equalization,  lower  bandwidth  receiver 
(for  the  following  curves,  the  higher  bandwidth 
receiver  is  assumed.) 

2.  20  Mb/s,  no  equalization 

3.  30  Mb/s,  optimum  ISI  cancellation  and 

1-tap  opt imum- timed  DFE 

4.  30  Mb/s,  1-tap  centered-t imed  DFE 

5.  30  Mb/s,  no  equalization 

6.  40  Mb/s,  optimum  ISI  cancellation  and  1-tap 

optimum-timed  DFE,  lower  power  pulse  shape 

7.  40  Mb/s,  1-tap  centered-t imed  DFE, 

lower  power  pulse  shape 

8.  40  Mb/s,  no  equalization,  higher  power  pulse  shape 
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with  Centered-Timed  DFE. 


Measured  Performance: 

□  10  Mb/s  (no  equalization  required) 

O  20  Mb/s  (no  equalization  required) 

A  30  Mb/s 
+  40  Mb/s 

Theoretical  Performance: 

1.  10  Mb/s,  no  equalization,  reduced  bandwidth  receiver 
(for  the  following  curves,  the  higher  bandwidth 
receiver  is  assumed.) 

2.  20  Mb/s,  no  equalization 

3.  30  Mb/s,  DFE 

4.  40  Mb/s,  lower  power  pulse  shape,  DFE 
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Fig.  6.5  Theoretical  and  Experimental  System  Performance 

with  no  Equalization. 

Measured  Performance: 

□  10  Mb/s  O  20  Mb/s  A  30  Mb/s  +  40  Mb/s 
Theoretical  Performance: 

1.  10  Mb/s,  reduced  bandwidth  receiver 

(for  the  following  curves,  the  higher  bandwidth 
receiver  is  assumed.) 

2.  20  Mb/s 

3.  30  Mb/s 

4.  40  Mb/s,  higher  power  pulse  shape 


/ 
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Fig.  6.6  Theoretical  and  Experimental  System  Performance 

at  30  Mb/s. 


Measured  Performance: 

□  1-tap  DFE  O  no  equalization 

Theoretical  Performance: 

(with  the  lower  bandwidth  receiver) 

1.  Complete  ISI  cancellation 

2.  1-tap  optimum-timed  DFE 

3.  Centered-timed  1-tap  DFE 

4.  No  equalization 
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Fig.  6.7  Theoretical  and  Experimental  System  Performance 

at  40  Mb/s. 


Measured  Performance: 

□  1-tap  DFE  O  no  equalization 

Theoretical  Performance: 

1  Complete  ISI  cancellation,  lower  power  pulse  shape 

2'.  l-tap  optimum-timed  DFE,  lower  power  pulse  shape 

3  1-tap  centered-timed  DFE,  lower  power  pulse  shape 

4."  no  equalization,  higher  power  pulse  shape 


The  20  Mb/s  curve  represents  the  maximum  data  rate  with 
negligible  ISI  and  an  increased  receiver  bandwidth.  The 
penalty  incurred  for  this  20/14  =1.5  times  increase  in  the  data 
rate  is  4.8  dB.  Extending  this  to  a  two-fold  increase  in  the 
data  rate  would  give  a  penalty  in  the  vicinity  of  6  dB,  more 
than  the  penalty  incurred  for  non-optimum  one-tap  DFE. 

For  a  data  rate  of  30  Mb/s,  the  theoretical  required 
received  optical  power,  for  a  BER  of  10"8,  is  decreased  by  6.3 
dB  through  the  use  of  DFE.  At  a  data  rate  of  40  Mb/s,  the 
theoretical  reduction  is  6.3  dB  and  10.3  dB  for  centered 
sampled  and  shifted  sampled  one-tap  DFE  respectively.  These 
reductions  would  be  much  higher  (at  40  Mb/s)  if  the  pulse  shape 
remained  constant  with  increasing  received  power.  However, 
they  are  still  quite  large,  especially  when  the  simplicity  of 
the  equalizer  is  considered. 

Figure  6.4  compares  the  theoretical  results  for  the  tests 
II,  #2,  15,  and  19  listed  earlier  to  the  measured  data  for 
signalling  at  10  Mb/s,  20  Mb/s,  30  Mb/s  with  DFE,  and  40  Mb/s 
with  DFE.  The  results  agree  quite  closely  (within  1  dB  for  all 
data  points  but  one),  especially  when  the  accuracy  of  the 
measured  noise  parameters  and  pulse  shapes  are  accounted  for. 
This  graph  also  indicates  that  the  DFE  results  measured  were 
probably  not  optimum,  as  they  agree  with  the  centered  sampled 
theoretical  results.  This  was  expected,  again,  because  of  the 
unequally  distributed  signal  dispersion  and  the  lack  of 
experimental  timing  resolution  obtainable. 


' 


Figure  6.5  compares  the  theoretical  and  measured  results 
for  the  case  of  no  equalization.  (As  indicated  earlier, 
equalization  was  not  required  for  the  10  Mb/s  and  20  Mb/s  data 
rates.)  Again,  the  results  compare  favorably,  with  all 
measured  points  being  within  approximately  1  dB  of  the 
theoretical  results.  The  40  Mb/s  unequalized  data  corresponds 
to  the  higher  power,  less  dispersed  40  Mb/s  pulse  shape.  The 
theoretical  result  for  the  low  power  40  Mb/s  pulse  shape  with 
no  equalization  is  off  the  scale  of  this  graph.  For  a  BER  of 
10"°,  the  required  power  was  estimated  to  be  -22  dBm,  as 
opposed  to  the  -36.7  dBm  power  required  for  the  higher  power 
pulse  shape.  This  15  dB  difference  indicates  how  severely  a 
reduction  in  the  ISI  can  improve  the  system  performance. 

Figures  6.6  and  6.7  summarize  all  the  results  for  the  data 
rates  of  30  Mb/s  and  40  Mb/s,  respectively.  These  graphs 
clearly  illustrate  the  advantage  offerred  by  one-tap  DFE.  For 
both  data  rates,  the  optimum  one-tap  DFE  curve  is  within  0.1  dB 
of  the  optimum  equalization  curve.  This  indicates  that  there 
is  little  need  to  go  to  a  more  complex  multitap  DFE  for  this 
fiber  system  at  these  data  rates.  Operation  at  higher  data 
rates  would  be  improved  with  multitap  feedback,  but  only  if  the 
unequal  dispersion  problem  can  be  reduced.  Although  the 
centered- s amp  1 ed  DFE  curves  are  2  to  4  dB  from  the  optimum  DFE 
curves,  they  still  show  large  power  requirement  reductions, 
especially  for  the  40  Mb/s  data  rate,  over  the  non-equa 1 ized 
curves.  Again,  the  equalized  and  unequalized  results  shown  on 
Fig.  6.7  correspond  to  two  different  pulse  shapes.  When  only 
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the  low  power  pulse  shape  is  considered,  the  theoretical  power 
reduction  realizable  through  center  sampled  one-tap  DFE  at  a 
BER  of  10‘8  is  21  dB. 

Finally,  the  system  eye  diagrams,  as  seen  with  an 
oscilloscope,  are  depicted  in  Fig.  6.8.  These  diagrams 
correspond  to  the  output  of  the  summing  amplifier  in  the 
decoder,  where  the  feedback  signal  is  subtracted  from  the 
signal  coming  from  the  AGC  amplifier.  In  these  diagrams,  there 
has  been  an  overall  signal  inversion,  so  that  the  top  level  in 
each  diagram  corresponds  to  the  LED  being  off  (i.e.  the  lowest 
signal  level),  and  the  bottom  level  corresponds  to  the  LED 
being  full  on  (i.e.  the  highest  signal  level).  The  unequal 
signal  distortion  mentioned  earlier  can  be  seen  clearly  in  the 
unequalized  eye  diagrams.  In  the  equalized  eye  diagrams,  the 
effect  of  this  unequal  dispersion  resulted  in  both  different 
eye  widths  and  the  eyes  being  fully  open  at  slightly  different 
times.  This  effect  is  illustrated  most  clearly  in  the  40  Mb/s, 
equalized  diagram.  It  was  this  effect  that  limited  the  maximum 
system  bit  rate.  Again,  the  transmitter  bandwidth  limitation 
(due  to  the  LED  turn-on  and  turn-off  times)  was  probably  the 
main  cause  of  the  unequal  dispersion. 

The  equalized  and  unequalized  eye  diagrams  were  taken  at 
the  same  received  power  level  so  that  a  fair  comparison  could 
be  made  between  them.  The  only  system  difference  was  the 
addition  or  removal  of  the  feedback.  The  20  Mb/s  eye  diagram 
corresponds  to  a  power  level  of  -47.2  dBm.  The  30  Mb/s  eye 
diagrams  correspond  to  -42.5  dBm,  while  those  for  40  Mb/s 
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a)  20  Mb/s,  -42.7  dBm, 
no  equalization 

b)  30  Mb/s,  -42.5  dBm, 
no  equalization 

c)  30  Mb/s,  -42.5  dBm, 
1-tap  DFE 

d)  40  Mb/s,  -38.0  dBm, 
no  equalization 

e)  40  Mb/s,  -38.0  dBm, 
1-tap  DFE 


Fig.  6.9  Received  Signal  Eye  Diagrams 
for  the  Experimental  System. 


correspond  to  -38  dBm.  The  40  Mb/s  results  were  thus  taken  in 
the  "high  power"  region,  and  hence  correspond  to  the  higher 
power  40  Mb/s  pulse  shape.  From  the  40  Mb/s  eye  diagrams,  the 
improvement  in  the  eyes  through  the  use  of  one-tap  DFE  is 
dramatic.  This  indicates  the  improvement  obtainable  through 
one-tap  DFE  without  requiring  complex  wave-shaping  filters  and 
a  precise  knowledge  of  the  channel  characteristics.  Also,  with 
only  one  tap  of  feedback,  error  propagation  is  negligible 
(<20%),  as  indicated  by  the  theoretical  results,  supported  by 
their  agreement  with  the  measurements. 
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CHAPTER  7.  SUMMARY  AND  CONCLUSIONS 


In  this  thesis,  both  multilevel  signalling  and  DFE  were 
investigated  as  possible  methods  of  increasing  the  data 
capacity  of  multimode  fiber  systems.  Certainly  the  advantages 
of  both  methods  are  well  recognized;  however,  only  recently  has 
DFE  been  applied  to  optical  fiber  communication  systems  [19]. 
The  simultaneous  application  of  both  methods,  to  the  author's 
knowledge,  has  not  been  done  prior  to  this  study. 

When  both  multilevel  signalling  and  DFE  are  used  for 
signalling  over  dispersive  channels,  the  question  of  what  the 
best  combination  of  the  two  is  immediately  arises.  Kasper  [28] 
compared  binary  signalling  with  DFE  to  multilevel  signalling 
without  equalization.  He  arrived  at  the  conclusion  that,  for 
optical  multimode  fiber  channels,  binary  signalling  with  DFE  is 
superior  to  unequalized  multilevel  signalling.  Kasper  did  not, 
however,  consider  equalized  multilevel  signals.  Salz  [27] 
considered  this  possibility,  and  showed  that,  for  channels  of 
practical  interest,  there  is  an  optimum  combination  of  the 
number  of  signal  levels  and  the  amount  of  equalization. 

Salz's  results  are  supported  when  the  signalling 
capacities  for  multilevel  signalling,  over  a  bandlimiued 
channel,  are  considered.  These  capacities  (discussed  by 
Wozencraft  and  Jacobs  [23],  and  extended  in  Chap.  2  and 
Appendix  A  to  include  shot  noise  and  one-sided  signalling) 
indicate  that  the  optimum  number  of  signal  levels  depends  on 
the  available  SNR;  at  a  low  SNR,  there  is  little  point  in  using 
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a  multilevel  signal  (except  possibly  for  aiding  in  timing 
extraction),  while  at  a  high  SNR,  the  capacity  of  a  multilevel 
signal  can  be  much  higher  than  the  capacity  of  a  binary  signal. 
Figs.  2.1  and  2.2  illustrate  these  capacities. 

The  possible  improvement  in  signalling  capacity  for 
multimode  fibers  was  demonstrated  for  hypothetical  850  nm  and 
1300  nm  multimode  fiber  systems.  This  study  indicates  that, 
with  a  LD  source,  4  level  signalling,  and  DFE,  it  should  be 
possible  to  have  repeaterless  transmission  at  a  data  rate  of 
560  Mb/s  or  higher  over  35  km  of  1300  nm  multimode  fiber.  With 
binary  signalling  and  linear  equalization,  this  BDP  could  only 
be  realized  with  a  single-mode  system  (assuming  the  fiber 
zero-dispersion  wavelength  and  the  LD  center  wavelength 
mismatch  by  25  nm  or  more).  For  an  850  nm  fiber  and  a  LD 
source,  repeaterless  transmission  at  DS-4  rates  over  15  km  is 
conceivable. 

Based  on  fiber  sales  in  1982  ,  it  is  estimated  that 
telecommunications  accounts  for  80%  of  the  fiber  optic  market 
[12].  Most  telecommunication  junction  networks  are  not  longer 
than  20  km;  hence,  any  signalling  method  that  allows  the 
repeaterless  transmission  of  data  at  DS-3  rates  or  higher,  over 
a  20  km  or  longer  length  of  multimode  fiber,  has  a  large  market 

value. 

The  forms  of  the  decision  feedback,  ZF,  and  MMSE 
equalizers  were  derived.  These  forms  are  similar  to  the 
results  of  Salz,  Proakis,  and  others,  but  included  the 
possibility  of  shot  noise  as  well  as  stationary  gaussian  noise. 
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The  design  procedures  were  applied  to  a  hypothetical  system 
with  a  pulse  response  similar  to  that  observed  for  the 
experimental  system.  A  comparison  between  the  resulting  SNRs 
at  the  equalizer  outputs  clearly  indicates  the  superiority  of 
DFE  over  the  linear  equalization  methods  for  typical  multimode 
fiber  channels. 

An  upper  bound  on  the  error  propagation  effect  of  DFE  was 
also  formulated  for  a  general  M  level  PAM  system  with  N  taps  of 
DFE.  This  upper  bound,  although  very  pessimistic,  indicates 
that  the  severity  of  error  propagation  increases  as  the  number 
of  signal  levels  or  the  number  of  feedback  taps  increases. 
This  increase  is  quite  sharp,  and  indicates  that  even  nonlinear 
equalization,  such  as  DFE,  has  a  limited  range  of  equalization 
abi 1 ity . 

In  order  to  investigate  the  practicability  of  multilevel 
signalling  and  DFE  over  dispersive  multimode  optical  fibers,  a 
4  level  PAM  system  with  one-tap  DFE  was  designed  and  tested. 
Because  the  presence  of  shot  noise  results  in  the  optimum 
signal  levels  and  decoder  thresholds  being  unequally  spaced, 
the  system  allowed  for  independent  adjustment  of  the 
transmitter  levels  and  decoder  thresholds. 

A  computer  program  was  written  to  analyze  the  experimental 
system.  This  analysis  was  in  terms  of  the  required  optical 
power  needed  to  obtain  a  desired  BER,  for  a  specified  data  rate 
and  equalization  condition  (ideal  precursor  and  postcursor 
cancellation,  optimum-timed  one-tap  DFE,  center-timed  DFE,  or 
no  equalization).  The  analysis  included  signal -dependent  shot 
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noise  in  addition  to  stationary  (thermal)  noise,  and  found  the 
optimum  signal  1  evel s  and  decoder  thresholds  for  all  signal  1 ing 
conditions.  The  effect  of  feedback  error  propagation  on  the 
system  error  rate  was  also  analyzed,  and  for  one  tap  of  DFE, 
proved  to  be  much  less  than  the  worst-case  upper  bound.  For 
the  maximum  amount  of  ISI  considered,  error  propagation 
increased  the  model  system's  BER  by  less  than  20%  ;  in  terms  of 
power,  this  increase  was  negligible. 

The  measured  system  performance  agreed  quite  closely 
(within  1  dB  for  all  tests)  with  the  theoretical  results 
obtained  through  the  computer  analysis.  With  4  level 
signalling  and  one-tap  DFE,  transmission  at  a  data  rate  of  40 
Mb/s  over  a  channel  with  an  estimated  bandwidth  (including  the 
preampl if ier  response)  of  8  MHz  was  achieved.  This  value  of 
5  bits/Hz  clearly  demonstrates  the  advantages  of  multilevel 
signalling  in  conjunction  with  DFE.  The  received  eye  diagrams 
shown  in  Fig.  6.8  indicate  the  improvement  offered  by  just  one 
tap  of  DFE.  They  also  indicate  that  there  was  non-uniform 
pulse  dispersion  which  ultimately  limited  the  effectiveness  of 
the  DFE  and  determined  the  maximum  useful  bit  rate  for  the 
system.  The  four  major  problems  observed  with  the  system, 
including  the  non-uniform  pulse  dispersion,  are. 

1.  The  transmitter  LED  turn-on  and  turn-off  times  limited 

the  useful  system  bit  rate  to  40  Mb/s.  Although  the  LED  has  a 
large  enough  bandwidth  to  transmit  at  higher  than  20  Mbaud/s, 
when  kept  on,  it  is  too  slow  to  transmit  above  20  Mb/s  when 
pulsed  on  and  off.  The  LED  limitation  caused  most  of  the 
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non-uniform  pulse  dispersion.  Use  of  a  faster  LED,  or  a  LD, 
would  eliminate  this  problem. 

2.  The  preamplifier  was  designed  to  have  the  desired 
signal  bandwidth  at  a  low  cascode  stage  bias  current,  so  that 
its  noise  figure  is  as  small  as  practicable.  It  was  found  that 
the  chosen  bias  current  was  smal  1  enough  to  be  significantly 
increased  by  optical  signals  having  a  received  power  above  -41 
dBm  (peak).  This  caused  the  ODP  bandwidth  to  increase,  and 
consequently  the  pulse  dispersion  decreased  slightly  for  the 
higher  signal  levels.  This  effect,  however,  did  not  appear 
except  when  equalization  was  not  used  for  a  40  Mb/s  data  rate, 
where  the  received  power  had  to  be  increased  substantially. 

3.  Although  the  theoretical  computer  program  indicated 
that  DFE  with  shifted  sampling  is  superior  to  centered-sampl ed 
DFE ,  this  advantage  could  not  be  experimentally  realized, 
partially  because  of  the  non-uniform  pulse  dispersion,  and 
partially  because  of  the  lack  of  timing  resolution  available 
with  the  delay  generator. 

4.  The  method  in  which  the  decoder  thresholds  were  set 
resulted  in  their  drifting  with  power  supply  drift.  This 
limited  the  overall  error  measurement  period  for  an  optimized 
system  setting  to  under  half  an  hour.  A  redesign  of  the 
decoder  threshold  setting  circuitry,  to  make  the  thresholds 
less  sensitive  to  the  power  supply  voltages,  would  help 

considerably. 
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Although  this  thesis  considered  the  topic  of  multilevel 
signalling  and  DFE  in  conjunction  with  multimode  fiber  systems 
quite  thoroughly,  it  was  necessarily  limited  in  scope. 
Recommendations  for  future  research  in  this  area  are: 

1.  With  uniform  pulse  dispersion,  both  multitap  DFE  and 
shifted-time  DFE  can  be  investigated.  Shifted-time  DFE  should 
be  compared  to  DFE  with  a  leading  precursor  equalizer,  so  that 
the  effectiveness  of  precursor  equalization  for  optical  systems 
can  be  evaluated. 

2.  Automatic  equalization  would  be  very  useful  for 
commercial  fiber  systems,  where  the  channel  characteristics  may 
change  considerably  from  system  to  system.  An  adaptive 
decision-feedback  equalizer  has  been  computer  modelled  [74], 
but  a  high  speed  realization  remains  to  be  done. 

3.  Timing  extraction  was  not  considered  in  this  thesis, 
and  has  to  be  studied  for  multilevel  systems  with  DFE. 
Intuitively,  multilevel  signals  would  possess  more  timing 
information  than  an  equivalent  binary  system  because: 

a)  the  baud  rate  of  a  multilevel  system  is  less  than  that 
of  an  equivalent  binary  system,  and  thus  the  pulses  would 
have  sharper  edges  relative  to  their  widths,  and 

b)  the  probability  of  getting  a  pulse  level  transition 
from  one  pulse  time  slot  to  the  next  is  higher  for 
multilevel  signals. 

Also,  an  investigation  into  determination  of  the  optimum  pulse 
sampling  point  for  systems  with  DFE  is  required. 
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4.  This  study  was  limited  to  multimode  fiber  systems. 
There  is  some  indication  that  multilevel  signalling  and  DFE  may 
be  useful  for  single-mode  systems  as  well.  The  power 
disadvantage  of  going  to  more  than  two  levels  is  offset  by  the 
increase  in  receiver  sensitivity  obtained  when  the  system  baud 
rate  is  reduced,  for  example.  Also,  as  was  mentioned  in 
Chap.  2,  the  attenuation  of  1550  nm  single-mode  fibers  is  less 
than  that  of  1300  nm  fibers.  For  a  100  km  fiber,  the 
difference  may  amount  to  20  dB.  However,  the  fiber  dispersion 
at  1550  nm  is  higher  than  that  at  1300  nm.  Although  fibers  are 
being  tailored  to  have  a  minimum  dispersion  at  1550  nm,  these 
fibers  thus  far  have  a  slightly  higher  loss  and  are  more 
vulnerable  to  microbending  losses.  An  alternate  approach  would 
be  to  use  multilevel  signalling  and  DFE  to  compensate  for  the 
increased  fiber  dispersion  at  1550  nm;  the  power  penalty  of 
these  methods  is  certainly  going  to  be  less  than  the 
forementioned  20  dB  of  extra  gain  required  for  1300  nm  fiber. 

The  author  hopes  the  evaluation  of  multilevel  signalling 
and  decision-feedback  equalization  presented  in  this  thesis 
stimulates  further  research  into  this  area. 
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Appendix  A.  Calculation  of  Channel  Capacities  in  the 

Presence  of  Shot  Noise. 


Consider  a  signal  level  b..  corrupted  by  AWGN,  and  a 
decision  level  d^  as  shown: 


Distance 

D 


Decision  level  d^ 

Signal  level  bi  with  AWGN 


Fig.  A.l  Decoder  threshold  and  adjacent  signal  level. 

The  probability  that  the  noise  will  corrupt  the  signal  enough 
so  that  it  rises  above  the  decision  level  will  be  denoted  by 
"p",  and  is  given  from  the  probability-density  function  (pdf) 
for  the  AWGN: 


Fig.  A. 2  Normalized  gaussian  PDF  centered  about  bi- 


The  probability  of  error,  p  ,  can  be  expressed  in  terms  of 
the  normalized  gaussian  pdf: 


p  =  f (exp(-  x*/2)/V 27T)dx  =  Q(D/  CQ) 
d/<T0 

where  Q(x)  s  (1  -  erf(x/*^2~  )/2 


(A.l) 

(A  .2) 
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Q(x)  can  be  approximated  or  found  in  a  table,  but  cannot 
be  calculated  in  a  closed  form.  From  Eqn.  A.l,  we  can  find 
the  probability  of  error  for  the  4  level  situation  depicted 
in  Fig.  A. 2.  Fol  lowing  the  notation  introduced  in  Chap.  3,  b^ 
to  b4  are  the  signal  levels,  and  dj  to  d^  are  the  decoder 
thresholds.  Each  signal  level  is  corrupted  by  AWGN  having  a 
mean  of  zero  and  a  variance  of  CT^-  (Shot  noise  will  be 
considered  later). 


D  = 


i 


All  signals  have 
AWGN  with  variance 


Fig.  A. 3  Equidistant  signal  levels  and  thresholds  for 


a  4  level  PAM  system  with  no  shot  noise 
The  probability  of  making  an  error,  P(E),  is  given  by 


P(E)  =  (P(E|bj)  +  P(E|b2)  ♦  P(E|b3)  ♦  P(E I b4) )/4  (A. 3) 

where  P(E|b,)  is  the  probability  of  making  an  error  given  the 
signal  is  at  level  b,.  However,  if  the  noise  at  the  sampling 
instants  is  denoted  by  nQ,  where  (nQ)2  *  <70  ,  and  if  the 

signal  levels  are  equally  spaced,  we  have: 

P(EI bj)  -  P((bj  +  nQ)  >  dj)  «  P(nQ  >  D)  =  p 

P(E|b2)  =  P((b2  ♦  n0)  >  d2)  ♦  P((b2  *  n0)  <  dj_) 

=  P(|n0l  >  D)  =  2p 

P(E|b3)  =  P((b3  ♦  n0)  >  d3)  ♦  P((b3  ♦  %)  <  d2)  =  2p 
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P(Elb4)  =  P((b4  ♦  nQ)  <  d3)  =  p 
Thus,  P(E)  =  (P  ♦  2p  +  2p  ♦  p ) / 4  =3p/2. 

From  this,  it  can  be  seen  that,  for  multilevel  signals 
with  equiprobable  signal  levels,  equidistant  levels  and  decoder 
thresholds  are  not  optimum  (even  for  stationary  noise  only). 
The  probability  of  error  for  each  signal  level  is  not  constant; 

i 

for  the  first  and  fourth  signal  levels  it  is  half  that  of  the 
middle  two  levels.  However,  the  energy  difference  between  this 
situation  and  the  optimum  situation,  for  the  same  system  error 
probability,  is  small.  For  P(E)  =  10  ,  and  with  four  level 

signalling,  the  difference  can  be  easily  shown  to  be  0.05  dB. 

For  shot  noise,  however,  the  noise  variance  increases  as 
the  signal  level  increases.  Thus,  with  an  equally  spaced 
multilevel  system  using  one-sided  (as  opposed  to  antipodal) 
signalling,  P(E  I  bi )  >  PtElb^).  The  difference  can  be 
substantial,  and  thus  unequal  signal  level  spacing  is  required. 
Because  of  this,  the  channel  capacities  shown  in  Fig.  2.1  do 
not  apply  to  PAM  systems  with  significant  shot  noise.  However, 
they  can  be  extended  to  account  for  shot  noise.  Consider  the 
two  4  level  systems  below: 


No  Shot  Noise: 


Shot  Noise: 


/3 

yi rT  /3 


$4  +  °° 

d3 

>3*  °o 
do 

bz ♦  a0 

»  ♦  °o 


0 


b4  *  °4 


b3  +  a3 


b2  *  °2 
bi  *  ax  ( CT0) 


1 


Fig.  A. 4  Signal  level  spacing  with/without  shot  noise 
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We  want  these  systems  to  be  equivalent  in  terms  of  their 
probability  of  error.  Thus, 

P(Elbi)no  shot  noise  “  ^^^l^shot  noise 

P^^no  Shot  noise  “  ^(El^shot  noise* 
and  so  on.  To  extend  a  curve  in  Fig.  2.1  to  include  a  known 

amount  of  shot  noise,  the  procedure  below  was  followed: 

1.  Suitable  values  for  RQ  were  chosen.  From  Fig.  2.1, 
the  corresponding  values  for  En/No  from  the  desired  A-level 
curve  were  obtained. 

2.  For  Fig.  2.1,  En/No  =  En/2  0 By  substitution  of  an 
appropriate  value  for  Q,  the  values  for  the  En  corresponding 
to  the  chosen  Rq  values  were  found. 

3.  With  CT0  and  the  En  values  known,  the  error 
probabilities  for  the  A-level  system  possessing  no  shot  noise, 
for  each  value  of  En,  could  be  determined.  The  required 
energies,  which  are  denoted  by  Es,  to  realize  the  same  error 
probabilities  for  the  system  possessing  shot  noise,  were 
calculated. 

4.  The  values  of  Es/No  was  were  plotted  against  their 
corresponding  RQ  values,  thus  producing  the  curves  in  Fig. 
2.2.  The  Rq  designation  was  changed  to  R$,  to  denote  that  the 
resulting  capacities  apply  to  the  shot  noise  system. 

Step  3,  the  analytical  step,  requires  some  explanation. 
Again,  the  noise  model,  from  Eqn.  2.5,  is 
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For  an  A-level  system  possessing  no  shot  noise  and  with 
equidistant  signal  levels  (as  is  the  situation  for  Fig.  2.1), 
the  distance  between  adjacent  signal  levels  and  decoder 
thresholds  is  given  by  D  =  -^I"n/2(A-l).  The  value  for  the 
signal  level  to  adjacent  threshold  error  probability,  p,  is 
p  =  Q ( D/  CT0).  We  want  the  two  systems  to  be  equivalent. 
Therefore, 

Q(D/  (T0)  =  QUdi  -  bi)/  CTj)  =  Q((bi  -  d^)/  (Xj )  (A.4) 

Consider  finding  the  signal  level  bi+1  in  terms  of  the  previous 
level,  b.j,  with  both  b^  and  (Jj  known.  We  have,  from  Eqn.  A.4, 
(di  -  b i)/  (Jj  =  D/  (J0,  or 

di  =  (  CT-jD/  CT0)  ♦  b^  •  (A. 5) 

Also, 


(bi+l  “  di)/  tfj+i  =  D/ ^*0*  or 
bi+l  =  (  ^i+lD)/  C7o  +  di* 

Upon  substitution  for  d^  from  Eqn.  A.4,  this  becomes: 

b1+1  -  (d  cri+1)/  cr0  *  (d  cTj/ cr0)  *  b, 

Substitution  of  +  1  in  terms  of  b^+^,  d0,  and  £  into  this 
equation  yields  the  quadratic  expression 


where 

B  =  2(bi  ♦  D  CTj/  (J0)  ♦  £d2/  CT02  and 
C  =  bi(bi  -  2D  0J/  <T0)  '  °2(l-(  C7/  <J0)2)- 


. 
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Solution  of  this  equation  yields  the  required  signal  level 
in  terms  of  the  previous  level.  Once  bi+1  is  known,  g\+1  can 
be  solved  for.  Repetition  of  this  procedure  from  to  the 
highest  signal  level  b^  allows  Es  to  be  determined.  The  first 
level,  b^,  is  zero,  and  hence  provides  a  starting  point  for  the 
level  determination  procedure. 

The  curve  for  CQ  can  be  extended  in  the  same  manner  as  the 
R0  curves,  to  obtain  the  Cs  curve  shown  in  Fig.  2.2.  A  simpler 
method  is  to  redefine  the  maximum  channel  capacity  (CQ)  with 
one-sided  signalling  expression.  From  Chap.  2  (Eqn.  2.4b), 

CQ  =  (1/2)  log2(l  ♦  En/2No) . 

For  non-stationary  noise.  No  has  to  be  replaced  with  "N^",  the 

o 

signal  dependent  noise.  If  we  replace  En  with  b^  and  with 
( +  ^b^»  we  get  the  channel  capacity  with  shot  noise: 

Cs  =  (1/2)  log2{l  +  b12/2{  (702  *  £b.j)} 

This  can  be  simplified  to  yield 

Cs  =  (1/2)  log2(l  ♦  (b^/  CT0)2/2(1  *  ^/Cq2)}- 

2  2 

Finally,  upon  resubstitution  of  En  =  b^  and  No  =  (JQ  * 
the  final  result  is 

Cs  =  (1/2)  log2t  1  +  (En/No)/2(l+(  £/  CTqJV En/No) }  (A. 7) 

This  expression  can  be  plotted  directly.  It  indicates  the 
absolute  values  of  and  0"0  are  not  important;  rather,  their 
ratio  determines  the  severity  of  the  shot  noise  on  the  channel 
capacity.  Also,  the  higher  En/No  is,  the  more  severe  the 
channel  capacity  loss  due  to  shot  noise  becomes.  This  effect 
can  be  seen  in  Figs.  2.1  and  2.2. 
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Appendix  B.  Design  of  the  Transimpedance  Preamplifier 


Figure  4.4  shows  the  ac  equivalent  circuit  for  the 
experimental  preamplifier.  As  was  mentioned  in  Chap.  4,  proper 
design  of  the  preamplifier  involves  load,  bandwidth,  and  noise 
considerations.  Several  points  pertinent  to  the  circuit  design 
are: 

a)  The  biasing  arrangement,  shown  in  Fig.  4.5,  has  the 
collector  current  of  the  common-emitter  (CE)  transistor  equal 
to  the  emitter  current  of  the  common-base  (CB)  transistor. 
Neglecting  the  base-current  difference,  these  currents  are 
equal,  and  will  be  denoted  by  Ic,  hcascode  biasing  current. 

b)  Since  the  cascode  transistors  will  have  identical 
hybrid-pi  models,  the  parameters  relating  to  these  transistors 
will  be  unscripted.  The  third  (common-collector,  or  CC) 
transistor  will  have  its  parameters  subscripted  with  a  "3". 

c)  From  El-Diwany's  results  [64],  the  optimum  cascode 
biasing  current  will  be  small  (under  1  mA) . 

d)  The  CC  stage  must  drive  a  50  ohm  coaxial  load,  and 
have  a  signal  bandwidth  around  10  MHz. 

e)  The  feedback  resistor,  Rf,  provides  both  ac  and  dc 
feedback.  Thus,  the  first  transistor  is  biased  by  the  voltage 

drop  across  the  CC  transistor's  bias  resistor  Rg* 

f)  Following  standard  notation,  all  t rans i stor  mode  1 

resistors  will  be  designated  by  a  small  r,  whereas  all  others 
will  be  designated  with  a  large  R  (except  where  this  notation 

may  cause  ambiguity). 
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The  design  procedure  is  concerned  with  finding  the 
following  parameters: 

a)  The  cascode  (stage)  biasing  current  Ic 

b)  The  feedback  resistor 

c)  The  cascode  biasing  resistor  R 

d)  The  CC  (transistor)  biasing  current  Ic^ 

e)  The  CC  biasing  resistor  Rg 

The  transistors  chosen  for  the  circuit  are  Motorola's 
BFR90's,  because  of  their  high  gain-bandwidth  product  of  5  GHz, 
low  noise  figure,  and  low  input  capacitance.  Motorola's  data 
for  these  transistors  consists  of  S-parameters  for  frequencies 
of  200  MHz  and  higher,  and  for  collector  currents  of  2  mA  and 
higher.  This  data  had  to  be  extended  to  the  frequency  and 
current  range  of  interest.  To  do  this,  a  modified  hybrid-pi 
transistor  model  was  optimized  to  match  the  given  S-parameter 
data  (for  the  frequencies  of  200  and  500  MHz)  through  the  use 
of  Compact,  a  computer  analysis  and  optimization  program  [69]. 
Figure  B.l  shows  the  transistor  model.  The  parameters  for  this 
model  are  on  the  following  page. 


Fig.  B.l  Computer-optimized  modified  hybrid-pi  model 
for  the  BFR90  bipolar  transistor. 
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Assumed  Parameters 


50»  9m  ~  Ic/Vj  ( V-j-  =  26  mV) ,  =  Ql gm 

Computer  Optimized  Parameters: 

(Resistor  values  in  ohms,  capacitor  values  in  pF,  unless 
otherwise  designated) 

At  Ic  =  2  mA:  r^'  =  49,  rc  =  14,  rfi  =  0.03,  rQ  =  73  kilo-ohms 

C7T=  4-3»  Cu  =  °-02»  Cu'  =  °‘58»  Co  =  0,44 

At  Ic  =  5  mA:  r bb*  =  68,  rc  =  12,  r£  =  0.03,  rQ  =  55  kilo-ohms 

0^=  7.5,  Cu  =  0.04,  Cu'  =  0.57,  CQ  =  0.43 

The  value  for  satisfies  the  expression 
Zqj  =  Tpgm  +  Cje  5  27  ps *gm  +  2.2  pF 
where  Cjg  is  the  emitter-base  depletion  layer  capacitance,  and 
Tp  is  the  transistor's  base  transit  time  in  the  forward 
direction  [76].  The  stray  capacitances  Cs^ ,  Cs2,  Cs^,  Cs^,  and 
Cp,  shown  in  Fig.  4.4,  were  estimated  for  the  printed  circuit 
board  configuration  used.  These  estimates  are: 

a)  Cs1  =5  pF 

b)  Cs2  =  1.5  pF 

c)  Cs3  =  4.5  pF 

d)  Cs^  =  10  pF 

e)  Cf  5  0.5  pF 

From  RCA's  data  on  the  CD30908E  APD  [67],  the  detector 

capacitance  is  2  pF  (maximum). 

The  transistor  model  given  in  Fig.  B.l  is  useful  for 
computer-aided  circuit  analysis.  However,  it  is  too  complex 
for  hand  analysis.  A  more  suitable  hybrid-pi  model  is  obtained 
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by  neglecting  the  resistors  rg,  rg,  and  rQ.  The  feedthrough 
capacitances  Cy  an(j  cu'  can  be  lumped  as  one  capacitor  in  the 
position  of  Cu,  and  will  be  denoted  by  Cuy.  With  this 
simplified  model,  the  ac  equivalent  preamplifier  circuit 
becomes  that  of  Fig.  B.2: 


Fig.  B.2  Small-signal  preamplifier  circuit 
using  hybrid-pi  transistor  models. 

Analysis  of  this  circuit  can  be  simplified  through  the 
following  alterations: 

1.  For  the  cascode  transistors,  r^'  is  much  smaller  than 
r^y  ,  and  can  be  ignored  (except  at  very  high  frequencies). 

2.  The  shunt-shunt  feedback  can  be  replaced  by  ideal 
feedback,  provided  its  loading  effect  in  accounted  for.  This 
is  accomplished  by  placing  the  feedback  network  in  paral  lei 
with  both  the  input  and  output  terminals  of  the  amplifier.  The 
loading  effect  on  the  output,  however,  is  negligible  in 
comparison  to  the  output  impedances. 


iHi  r  ,  f»  !  ,-r 


3.  The  feedthrough  capacitance  of  the  first  transistor 
can  be  replaced  by  its  Miller  capacitances.  For  this,  the 
voltage  gain  of  the  first  transistor  needs  to  be  derived: 

*V1  *  Vg/Vi*  where 

V2  *  -(gmVj  ♦  gmV2)iV  ,  or 

Avj  *  -gm-r^  /(I  +  gniT^  )  ■=  -  H.  fi*  1)  *  -1. 

The  appropriate  Miller  capacitances  are  therefore 


Cim  “  (1  *  Av)CuT  *  ZCuT-  and 
Com  "  (Av  *  »>cuT/Av  *  2CuT 


4.  The  CB  transistor  can  be  replaced  by  the  equivalent 
model  shown  in  Fig.  B.3: 


reb  =  P'9  m^P*  1) 


Fig.  B.3  Emitter-current  control  led,  hybrid-pi 
common-base  transistor  model. 


Although  the  resistor  rbb'  in  this  model  is  negligible,  it 

can  be  accounted  for  quite  easily  by  the  use  of  Millers  Gual 

theorem.  This  theorem  allows  the  replacement  of  rbb'  by  series 

resistances  in  the  emitter  and  collector  leads  of  values 

r.  *  r.K '(1  -  Ai),  and 
'  lm  bb  ' 

r  *  rKK ' ( A i  -  1)/Ai 
om  dd  v 

where  Ai  is  the  current  gain  of  the  CB  stage.  This  current 


gain  is  given  by: 


* 
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Ai  =  gm-reb  =  gm  fit gm(  yg  +  1)  =  1. 

ThUS*  rim  =  rom  =  "bb^1*!)  =  0. 

This  result  implies  that  the  base  of  the  CB  stage  does  not  have 
to  be  externally  grounded  by  a  capacitor,  as  long  as  the 
external  bias  resistors  are  kept  reasonably  small. 

The  voltage  gain  of  this  stage  is  simply  gm'Rg,  where  RB 
is  the  parallel  combination  of  Rc  and  the  input  resistance  of 
the  CC  stage.  The  capacitor,  CQ,  of  Fig.  B.3,  can  be  replaced 
by  its  Miller  capacitors: 

Cim  ■  Co'9m'Rb 

Com  =  c0(9m'Ro  ‘  1)/ (gm-Rb) 

As  yet,  the  voltage  gain,  gm-R^,  is  not  known.  However, 
it  is  almost  the  same  as  the  voltage  gain  for  the  preampl  if ier, 
as  both  the  CC  stage  and  the  CE  stage  have  near  unity  voltage 
gain.  From  El-Diwany's  results,  the  cascode  stage  type  of 
trans impedance  preamplifier  should  have  a  small  open-loop 
voltage  gain,  in  order  to  be  stable.  For  a  100  MHz  signal 
bandwidth,  his  derived  maximum  stable  gain  was  8.  For  a  signal 
bandwidth  of  10  MHz,  a  suitable  gain  for  the  above  calculation 
would  be  10.  Then, 

Cim  S  9C0’  and 

^om  "  Co • 

The  above  alterations  result  in  the  much  simplified 


circuit  for  the  preamplifier  shown  in  Fig.  B.4. 
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Ci  =  cd  ♦  Cs1  ♦  2CuT  ♦  Cf  £  11.5  pF  for  Ic  (cascode)<l  mA. 
Ri  =  rTT  I  *  Rf 

C2  =  Cs2  +  C0  +  Zrjj  +  9C0  =  6.5  pF  for  Ic  <  1  mA. 

reb  =  /5;9m(  /?+  1)  £  0.98/gm 

C3  =  Cs3  +  CuT  *  c0  =  5.5  pF 
C4  =  Cs4  *  Cf  +  CQ  =  11  PF 

R  =  R  1 1  50  ohms 

W  V 

Fig.  B .4  Simplified  preamplifier  circuit  model. 


The  CC  stage  has  to  be  analyzed  in  order  to  ensure  proper 
load  matching.  For  an  estimated  maximum  optical  launch  power 
of  -10  dBm,  and  an  estimated  channel  attenuation  of  25  dB 
including  connection  losses,  the  maximum  power  incident  on  the 
APD  would  be  -35  dBm.  The  responsivity  of  the  RCA  APD  is 
77  A/W.  A  reasonable  estimate  for  the  preamplifier 
transimpedance,  given  the  signal  bandwidth  required,  is  10 
kilo-ohms  [64].  With  this. 


Vo 


maximum 


=  TR.p.p.  =  io4-77 -10"6-5  »  240  mV. 

X  I 
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For  a  50  ohm  load,  this  would  result  in  a  5  mA  signal  current. 
A  suitable  bias  current  for  the  CC  stage,  then,  is  6  mA.  With 
this  value  for  IC3,  gm^  =  231  mmhos,  r^^  =  217  ohms, 

rbb3 '  S68  ohms»  and  £77*3  =  8.5  pF. 

The  first  transistor  is  biased  on  by  the  voltage  drop 

across  Rg.  Neglecting  the  smal  1  voltage  drop  across  Rp,  the 
base-emitter  voltage  for  the  CE  transistor  is  Vbe1  =  Ic^Rg. 
Thus,  Re  =  0.7V/6  mA  =  120  ohms. 

The  load  at  the  CC  output  is  Rg  in  parallel  with  50  ohms, 
or  35  ohms.  To  minimize  the  possibility  of  reflections  at  the 
preamplifier  output,  the  output  impedance  of  the  CC  stage 
should  match  Rj_  -  35  ohms.  Thus, 

R°Cc  =  (r7f3  +  Rs)/(1  *  f3  )  =  35  ohms. 

The  source  resistance,  Rs,  is  simply  Rc,  as  the  output 
impedance  of  the  CB  stage  is  quite  high.  With  this,  the  value 
of  R  should  be  1.5  kilo-ohms.  Experimentally,  it  was  found 
that  R  could  be  made  larger  than  this,  in  order  to  increase 
the  preamplifier  gain,  without  causing  load  reflections.  A 
value  of  2.7  kilo-ohms  was  used  for  Rc. 

The  input  impedance  of  the  CC  stage  is  given  by 
Ricc  ■  r7I-3  +  Rc(/?+  1)  s  2  kilo-ohms. 

The  resistance  seen  by  the  common-base  stage  is  thus 
Rb=  Rc  11  Ricc  ■  1160  ohms. 

The  voltage  gain  of  the  CC  stage  can  be  shown  to  be: 

1 

Av  =  — - — - - - — 

“  1  +  ( r bb3 '  +  21T)/ZL(9m3Z7T  + 

where  Zjj-  II  I/SC77-3  and 


(B.l) 
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ZL  =  R|_  II  l/sc4,  where  s=jCJ  . 
At  low  frequencies. 


1 


Av  =  - - -  =  0.86. 

1  +  (rbb3*  4  r7T 3 )  ^  @  +  x)rL 

The  CC  stage  has  a  very  good  frequency  response,  and  can 
be  operated  at  close  to  the  transistor's  cutoff  frequency  with 
moderate  loading.  An  evaluation  of  the  CC  stage's  frequency 
response,  through  Eqn.  B.l,  reveals  its  peak  voltage  gain  is 
1.05  at  800  MHz,  and  the  3  dB  frequency  is  1.39  GHz.  Thus,  in 
comparison  to  the  desired  signal  bandwidth  of  10  MHz,  the  CC 
stage  can  be  assumed  to  have  a  flat  frequency  response.  The 
preamplifier  circuit  can  now  be  reduced  to  that  of  Fig.  B.5: 


Fig.  B.5  Preamplifier  circuit  with  the 
CC  stage  completely  analyzed. 


In  this  schematic, 

Zj  =  Ri  ||  l/sCi  »  (r.jj-11  Rp)  II  (1/s) -il .5  pF 

l2  ‘  reb  11  1/sC2  =  (0.98/gm)  II  (1/s) ‘6.5  pF 

=  1160  ohms  II  (1/s) *5 .5  pF 


Z3  =  Rb  II  1/sC 
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The  open-loop  voltage  gain,  A0,  and  transimpedance,  TR0, 
of  the  preamplifier  are  easily  found  from  Fig.  B.5: 

Vs)  *  V(sT2  +  !) (ST3  ♦  1) 

TR0(s)  =  A0‘V(sTl  ♦  l)(sl2  -  1)(sT3  ♦  1) 

where 

A0  *  -9?8  gm, 

Tj  •  Ci‘Ri 

T2  *  C2reb 

Tj  =  CjRg  =  6.4  ns. 

For  Ic  <  1  mA,  <  26  ohms.  Then,  T2  <  0.17  ns.  The  pole 

corresponding  to  this  minimum  value  for  T2  is  940  MHz,  and  can 

be  ignored  when  compared  to  the  other  two  poles.  The  pole 

corresponding  to  is  at  25  MHz. 

The  closed-loop  transimpedance  is 

TRc(s)  =  TR0(s)/(l  ♦  TRq(s)/Rf) 

=  A0Ri/[(sT1  *  1)(sT3  *  1)  ♦A0Ri/RF]  (B.2) 

This  expression  allows  the  calculation  of  the  signal  bandwidth 

in  terms  of  Rp  and  r^ .  However,  the  relationship  is  not 

simple  and  hence  not  too  useful.  A  much  easier  method  of 

estimating  the  signal  bandwidth  is  obtained  by  considering  the 

preamplifier  damping  factor  and  the  dominant  time  constant  T-. 

The  expression  for  TR  (s)  can  be  put  into  standard  form: 

TRc(s)  =  TRc/(s2  +  2fcjns  ♦  CJn2), 

where  GJ  is  the  natural  frequency  and  t  is  the  damping 
n  J 

factor.  This  damping  factor  indicates  how  close  the  two 
dominant  preamplifier  poles  are.  The  larger  £  is,  the  farther 
apart  the  poles  are,  and  the  stabler  the  circuit  is.  If  is 


, 
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too  large,  however,  the  circuit  will  have  a  poor  rise-time. 

The  signal  bandwidth,  Bs,  can  be  estimated  through 
knowledge  of  the  effective  dominant  pole  and  the  damping 
factor: 

Bs  SB,  1 
Bs  s  1.29-B,  1 

Bs  «  B,  T*  l/>/2 

To  allow  awide  stability  margin,  a  value  of  1  for  f  is 
desirable.  The  effective  dominant  pole,  B,  is  obtained  by 
considering  only  the  dominant  pole  in  TRQ ( s ) : 

TRq' (s)  -  A0R1/(sT1  *  1) 

This  yields 

TRc'(s)  =  A0Ri/[(sT1  ♦  1)  ♦  A0Ri/Rf]. 

The  bandwidth  of  TR'(s)  is  defined  as  the  effective  dominant 

pole,  B: 

^3  dB*Tl  s  1  +  AoRi/Rf*  or 
B  =  (1  +  A0Ri/Rf)/27TT1 

This  can  be  manipulated  to  yield 

B  =  1/2  7TC i Ref f  where  the  effective  dominant-pole 

resistance,  Reff»  is 

Reff  =  r7T ^ I  +  Ao> * 

The  desired  signal  bandwidth  is  10  MHz,  and  the  desired  damping 
factor  is  1 .  Thus, 

10  MHz  *  1 .29/27TCiReff .  or  Reff  -  1785  ohms. 

Bandwidth  considerations  have  yielded  the  relationship  (with 

substitution  of  gm  =  ^/r77  ) : 

1781  ohms  =  Tjf  1 1  Rf/(1*A0)  -  rn\\  Rf/(1*48 .9kH  /r^  ) .  (B.3) 


r 


' 


■ 


Another  relationship  is  required  to  find  r^  and  Rp.  This 
relationship  is  obtained  from  noise  considerations.  The 
dominant  noise  sources,  referred  to  the  preamplifier  input, 
have  the  following  spectral  current  densities  [64]: 

a)  Base-current  shot  noise  Sj  =  2qlb 

2 

b)  Collector-current  shot  noise  S2  =  2ql c/ 1  A  ^ I  (k  is 
Boltzmann's  constant,  and  T  is  the  absolute 
temperature) 

c)  Feedback  resistor  thermal  noise  =  4kT/Rp 

d)  Base-spreading  resistance  thermal  noise 

S4  *  *kTrbb'£1/Rf2  + 
where  C^'  =  +  Cs^  ♦  Cp 

e)  APD  dark-current  shot  noise  =  Zql^^ 

p  ^  y 

f)  APD  signal  current  shot  noise  S6  =  2q(  ^q/h  J'J'E  Pi 

Only  the  first  three  of  these  noise  sources  can  be 
controlled  through  the  preamplifier  design  (for  a  desired 
signal  bandwidth).  Hence,  they  are  the  only  ones  involved  in 
the  noise  minimization  procedure  that  results  in  the  optimum 
values  for  rv  and  Rf.  The  input-referred  noise  for  these 
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three  sources  can  be  shown  to  be1:  [64] 

\2  =  {4kT/Rf  ♦  2kT/r7r  +  (2kTrTT  //0)[1/Ri2  ♦  (27TC.Bn)2/3]}Bn 

(B  .4) 

Bn  is  the  noise  bandwidth,  and  can  be  approximated  as 
Bn  =  7TB/2  =  12.2  MHz. 

From  Eqn.  B.4,  ip2  depends  on  rv  and  Rf.  The  optimum 

values  for  rv  ,  in  terms  of  Rf,  are  found  by  differentiating 
— 2 

in  with  respect  to  r^  .  The  result  of  this  is 

[TTopt2  *  1)/[1/Rf2  ♦  (27TCiBn)2/3]  (B.5) 

and  1n2*1n  ”  C4kT<  /3+  DV/5][l/Rf  *  1/r-n-].  (B.6) 

Substitution  for  Cif  Bn,  and  in  Eqn.  B.5  yields 

r1T  2  -  51/ ( 1/Rf2  +  2.59  "lO"7).  (B.7) 

This  equation,  in  conjunction  with  Eqn.  B.3,  results  in 

r7T  opt  =  IB. 7  kilo-ohms,  R^  =  9.3  kilo-ohms. 

This  value  of  rv  corresponds  to  Icopt  s  0.1  mA  and  lb  t  =  2uA. 
However,  this  value  for  Ic  is  quite  small.  Since  the  BFR90 
transistor's  cutoff  current  is  not  specified,  there  is  a 
possibility  of  reduced  jQ  at  this  current.  The  experimental 
results  of  [64]  indicate  the  transistors  should  be  able  to 
operate  at  close  to  4  uA  of  base  current.  For  Q  =  50,  this 


1 


Equation  (2)  in  [64]  should  read  1/R^'2  instead  of  1/R^2. 
This  ommission  results  in  the  following  changes: 

a)  Eqn.  (3)  should  read  1/Rf'2  instead  of  1/R^2. 

b)  Eqns.  ( 4 )  and  (5)  should  read  (3  +  i"  instead  of  Vis. 

c)  Eqn.  (6)  should  be  multiplied  by  1 )/ /3  • 

Except  possibly  for  Eqn.  (3),  these  changes  are  negligible. 
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corresponds  to  a  collector  current  of  0.2  mA.  The  final  design 
was  based  around  this  value  for  Ic. 

For  Ic  -  0.2  mA,  r^  is  6.5  kilo-ohms.  From  Eqn.  B.3,  the 
optimum  feedback  resistor  is  20.9  kilo-ohms.  A  value  of  20 
kilo-ohms  was  consequently  used  in  the  experimental  amplifier. 
With  these  values  for  r^  and  Rf, 

A0  =  -978gm  =  -7.52 

™0  =  A0Ri  =  36900  ohms  (at  low  frequencies) 

TRC  =  TRq/ ( 1+TRq/R^)  =  13  kilo-ohms  (at  low  frequencies). 
Also,  Tj  =  C^R^  =  56  ns  (corresponding  to  =  2.8  MHz). 

Eqn.  B.2  can  now  be  solved  to  obtain  £  and  a  closer  estimate 
of  the  3  dB  signal  bandwidth.  The  results  are  0.98  and 
B$  *  9.35  MHz.  Evaluation  of  the  noise  can  be  done  with 
Bn  =  1.29-BS  =  12  MHz.  This  yields  iR2  =  (5.4  nA)2.  The 
signal-independent  output  noise  voltage  is  then 
CT0  =  (5.4  nA)  -TR  =  70  uV. 

Inclusion  of  the  base-spreading  resistance  thermal  noise  raises 
this  figure  to  71  uV. 

The  APD  dark  current  is  small  enough  that  its  contribution 
to  the  overall  noise  is  negligible.  The  APD  signal  current 
shot  noise,  referred  to  the  preamplifier  output,  is 

ofAPD  *  TR2Bn2q(77q/hl')  (G)2^. 

For  RCA's  30908  APD,  6  =  149  and  Tj  -  0.77  at  the  recommended 
operating  voltage.  Using  a  value  of  0.4  for  x,  and  with  an 
optical  wavelength  of  830  nm, 

APD  =  55 ’pi* 
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With  the  output  signal  b_-  =  TR-Rv-p.  5  1 0^-  P - ,  the  total  output 

I  A  1  I 

noise  can  be  expressed  as 

CTj2  =  (71  uV)2  ♦  (55  uV)-b..  (B.8) 
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Appendix  C.  Listing  of  the  PAH  System  Analysis  Program 


This  appendix  contains  the  4  level  PAM  system  analysis 
program  discussed  in  Chap.  5.  Because  of  the  restrictions  in 
the  available  label  characters  (g  reek ,  subscript,  and 
superscript  characters  were  not  allowed),  several  of  the 
parameters  defined  throughout  the  thesis  have  different  labels 
in  the  source  listing.  The  following  list  defines  the 
important  program  parameters,  starting  with  the  user  determined 
variables. 

User  Determined  Variables 

BN:  The  maximum  "negl igibl  e-ISI"  data  rate  the  channel  can 
support,  in  Mb/s. 

NOISI:  The  sampled-time  vector  representing  the  negl igibl e- 1  SI 
pulse  shape.  This  vector  consists  of  three  points 
corresponding  to  the  pulse  response  r(t)  at  t  =  -0.5T,  0, 
and  +0.5T  (where  t=0  corresponds  to  the  pulse  peak;  for 
the  condition  of  negligible  I  SI ,  N0ISI(2)  =  1. 

BP:  The  data  rate  at  which  the  system  is  to  be  analyzed,  in 

Mb/s. 

H2:  Same  as  H'  in  Chap.  5.  The  v ector  of  sampl ed  r(t)  (which 
now  represents  the  BP  rate  pulse  shape)  consists  of  7 
points,  from  -T  to  2T  in  T/2  steps.  Zero  values  can  be 
entered  for  any  the  points  except  the  t-0  point,  as  long 
as  there  is  some  ISI  to  avoid  division  by  zero  in  the 

program. 


202 


' 


- 


VT:  Same  as  <JQ •  The  thermal  noise  level  at  the  output  of 
the  transimpedance  preamplifier,  in  volts. 

ST:  Same  as  £  .  The  shot-noise  parameter  of  the  ODP, 
referred  to  the  preamplifier  output,  in  volts. 

TR:  The  amplifier  transimpedance,  in  ohms. 

ER:  The  vector  of  desired  BERs  for  which  the  system  is  to  be 
characterized. 

Program  Variables 

VN:  Same  as  the  normalized  value  of  (J  ,  as  discussed  in 

o’ 

Chap.  5. 

SN:  Same  as  the  normalized  value  for  the  shot  noise  parameter 
£,  as  discussed  in  Chap.  5. 

S:  Same  as  the  vector  b^,  b2,  b^ ,  b^.  Vector  of  the  signal 

levels,  in  volts,  with  S(l)  =  0  (corresponding  to  the  LED 
being  off).  Dimension  =  4.  (Note  -  if  there  is  ISI 
present,  these  levels  will  correspond  to  the  minimum  value 
of  the  actual  signal  level,  plus  the  average  amount  of 
ISI.  This  is  because  the  ISI  is  taken  to  be  always 
positive.) 

A:  Same  as  the  vector  d^,  d2,  d^,  d^.  Vector  of  decoder 

thresholds,  in  volts.  Dimension  =  4. 

V:  Same  as  0^ ,  0"2,  (J3,  Cfy.  Vector  of  noise  variances 

corresponding  to  the  levels  S(l)  to  S(4).  With  no  ISI, 
V ( 1 )  =  (T0.  Dimension  =  4. 


. 


' 


PED:  The  desired  overall  BER  for  the  system  analysis  under  way. 
One  of  the  terms  in  the  used  determined  vector  ER. 

PEDV:  Desired  vector  of  the  individual  probability  of  errors 
for  each  possible  signal  level  -  decoder  threshold 
crossing.  PEDV  =  [  2PED,  PED,  PED,  PED,  PED,  2PED  ]. 

PEEQ:  The  final  system  error  rates  for  the  completely  equalized 
pulse  shape.  Each  term  in  this  vector  will  be  within  25% 
of  the  corresponding  term  in  PEDV. 

PDBMEQ:  The  vector  of  received  optical  powers,  in  dBm,  required 
to  obtain  the  error  rates  given  by  PEQ  (for  the  case  of 
complete  equalization). 

PEDFE:  Same  as  PEQ,  except  for  the  case  of  one-tap  DFE. 

PEACT:  Same  as  PEDFE,  except  with  the  error  propagation  effect 
of  DFE  included. 

PDBMDFE:  Same  as  PDBMEQ,  except  for  the  case  of  one-tap  DFE. 

PENEQ :  Same  as  PEEQ  except  for  the  case  of  no  equalization. 

PDBMNEQ :  Same  as  PDBMEQ  except  for  the  case  of  no  equalization. 

EEQ :  Vector  of  the  individual  probability  of  errors  for  each 
possible  signal  level  -  decoder  threshold  crossing,  for  a 
particular  set  of  signal  levels  and  detector  thresholds. 
For  the  final  level  and  threshold  setting,  all  components 
of  EEQ  should  be  within  25%  of  the  corresponding 
components  in  the  PEDV  vector.  Applies  to  the  completely 
equalized  case. 

EDFE:  Same  as  EEQ,  except  for  the  one-tap  DFE  case. 


, 


s  IC< 


V  < 


PEV:  Intermediate  value  for  the  EEQ,  EDFE  vectors  before  the 
final  result  is  renamed.  These  vectors  are  displayed  as 
they  are  generated,  for  the  DFE  or  no  equalization  cases, 
so  that  the  user  can  evaluate  how  well  the  program  is 
converging  to  the  desired  PEDV  vector. 

H:  Same  as  the  H  defined  in  Chap.  5.  H  defines  the  pulse 

shape  at  the  instants  t  =  -T,  0,  T,  and  2T  (a  subset  of 
H ' )  • 

HEQ:  The  vector  of  interfering  terms  -  the  nonzero  terms  in  H 
except  for  H(2)  =  H(t  =  0). 

I  SI :  Same  as  G  in  Chap.  5,  but  restricted  to  the  case  of  no 
equalization.  The  vector  of  all  possible  ISI  terms. 

I S 1 2 :  Same  as  G  in  Chap.  5,  but  restricted  to  the  equalized 
case  .  The  vector  of  all  possible  ISI  terms,  given 
single-tap  DFE  is  being  used. 
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Appendix  D.  An  Upper  Bound  on  the  Propagation  Effect  of  DFE 


In  this  appendix,  an  upper  bound  on  the  error  propagation 
effect  of  an  N-tap  decision-feedback  equalizer  will  be 
presented.  The  notation  used  throughout  the  bound  derivation 
is  an  extension  of  the  notation  introduced  in  Chap.  5: 

P  means  M  the  probability  of  making  " 

E  means  "  (decoding)  error  M 
f  means  M  feedback  " 

C  means  "  correct  decoding  decision  (or  similar)  " 
c  means  "  correct  ” 
i  means  "  incorrect  " 

|  means  "  given  " 

The  subscripts  1,2,3, ...,N  denote  the  feedback  tap  numbers;  the 
first  tap  (1)  being  derived  from  the  immediately  previous 
decoded  data,  and  the  tap  being  the  feedback  derived  from 
the  Nth  previously  decoded  data.  With  this  notation,  for 
exampl  e,  P(E|cf)  means  "  the  probability  of  making  a  decoding 
error  given  correct  feedback  "  (as  defined  in  Chap.  5),  and 
P(C|  C1 ,  c2,  c3,  ...»  cn-1,  cn)  means  "  the  probability  of 
making  a  correct  decoder  decision  given  all  the  feedback  taps 
are  correct,  except  for  the  tap  ". 

We  are  interested  in  expressing  the  probability  of  making 
an  error  given  feedback,  P(E|f),  in  terms  of  the  probability 
of  making  an  error  given  correct  feedback,  P(E|cf).  P(E|f)  is 
the  same  as  the  overall  probability  of  making  a  decoder  error, 
and  will  thus  be  designated  by  Pe.  P(E  I  cf )  is  the  error 
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probability  with  ideal  DFE.  The  ratio  of  Pe  to  P( E I cf ) 
indicates  the  error  propagation  effect  of  the  DFE. 


We  have 

Pe  =  P(E|if).p(if)  +  P(E| cf ) • P(cf ) 

-  P(EI if) - [1  -  P(cf)]  ♦  P(E| cf )• P(cf ) 

Although  P ( E | if)  depends  on  the  magnitude  of  the  erroneous 
feedback  tap,  as  well  as  many  other  factors,  an  upper  bound  for 
is  exists,  and  will  be  found  later.  For  N  taps  of  feedback, 
the  probability  of  correct  feedback  is  equal  to  the  probability 
of  having  made  the  last  decoder  decision  correctly,  given  that 
all  its  feedback  values  were  correct,  plus  the  probability  of 
having  made  the  last  decoder  decision  correctly,  given  that  all 
its  feedback  values,  except  for  the  Nth  one,  were  correct: 

P(cf)  =  P(Cpreviouslc2,c3,...,cN,cN+1)-P(c2,c3,...,cN,cN+1) 

+  P(Cprevious,c2,c3*---,cN’1N*l,'Pfc2’c3’-",cN*1N*l) 

This  is  equivalent  to 

P(cf)  =  P(C| cf ) -P(cf)  ♦  P(C| if ) * P(Cj ,c2 . CN_J . iN) . 


However, 

P(CpC2 . CN_!l  iN)*P(iN)  -  P(CI  if)N_1  Pe. 

Also,  P(CI cf )  »  1  -  P( E I cf ) ,  and  P(CI if)  ■  1  -  P{ El  if ) . 

Thus, 

P( cf )  =  [1  -  P(E|cf)]-P(cf)  ♦  P(C| if)*P(C| if)N  1  Pe 
=  [1  -  P( El cf ) ] - P( cf )  ♦  [1  -  P(E|if)]N  Pe. 

Solving  this  for  P( cf )  gives 

P(cf)  =  [1  -  P(E|if)]N  Pe/PCEIcf). 

Consequently,  the  total  decoder  error  prabability  can  be 


written  as: 


A. 


, 

■ 


Pe  =  P(E|if)-[l  -  P(E| cf ) ]  ♦  P(E|cf)'P(cf) 

*  P(tf)-[P(E|cf)  -  P( E I  if)]  ♦  P(E|if) 

=  [1  -  P(Elif)]N  Pe-[P(Elcf)  -  P(Elif)]/P(Elcf)  ♦  P(E|if) 
By  letting 

R  =  P(E|cf),  (correct  or  "right"  feedback) 

W-  P(Elif),  ("wrong"  feedback) 
this  reduces  to 

Pe  =  RW/[R  +  (1-W)N(W-R)  J  =  R/[R/W  +  ( 1-W) N(  1  -  R/W) ] . 

(D.l) 

Usually,  R  <<  W  (  P(Elcf)  <<  P( E I  if) ,  and  Eqn.  D.l  reduces  to 
Pe  s  R/(1-W)n.  (D .2) 

If  a  bound  on  W  =  P( E I  if)  can  be  found,  a  bound  on  Pe  is  also 
found. 

Consider  an  A-level  system.  Assuming  the  feedback  errors, 
when  they  occur,  are  large,  then  for  the  lowest  signal  level: 

P(Elif,  lowest  1 evel )max  =  P(feedback  error  is  positive)  =  1/2 

In  words,  the  bottom  level  is  decoded  incorrectly  if  the 
feedback  error  causes  the  equalized  signal  to  rise  above  the 
lowest  threshold. 

Similarily,  for  the  highest  signal  level, 

P( E I  if,  highest  level)max  =  P(feedback  error  is  negative)  =1/2. 

For  the  middle  levels,  a  large  positive  or  negative 
feedback  error  can  cause  a  decoding  error.  Hence, 

P(E|if,  middle  level)max  =  1. 


I 

.fcmiol 


Consequently, 

A  *  P(  E  |  if)max  =  1/2  ♦  1/2  ♦  (A-2J-1.0, 

or  P(E|ifWx  ’  (A-D/A-  (D .3) 

For  example,  a  4  level  system  has 

P(Elif)max  =  t4"1)74  =  °-75- 

For  any  reasonable  system  BER  (e.g.  10"9),  this  0.75  value  is 
much  larger  than  the  system  error  rate,  and  hence  the 
assumption  that  W  >>  R  made  earlier  is  valid.  From  Eqns.  D.2 
and  D.3,  we  get 

Pe  =  R/[l  -  (A-1)/A]N  =  R  AN/[A  -  (A-1)]N  =  R-AN. 

The  upper  bound  on  the  error  propagation  effect  is  consequently 
Pe/P(E| cf )  =  AN.  (0.4) 

For  an  A-level  PAM  system,  where  A  =  2n,  each  level 
represents  n  bits  of  information.  Also,  Pe  is  the  probability 
of  making  a  decoding  error.  For  each  decoding  error,  up  to  n 
bits  may  be  in  error.  Hence,  with 

BERmax  =  n‘Pe  and  'Vax  *  BERideal  DFE’ 

BERmax  '  <D'5> 

This  applies  to  a  multilevel  system  regardless  of  the 

coding  scheme  used.  If  Gray  -  coding  is  used,  however,  a 

tighter  bound  is  obtained.  Assuming  that  all  decoder  errors 

will  be  the  decoding  of  a  signal  level  as  being  at  an  adjacent 

level  (which  is  a  valid  assumption  except  possible  when  there 

is  popcorn  noise  or  random  signal  spikes,  as  opposed  to  the 

more  "uniform"  stationary  noise  such  as  that  found  for  the 


■  - 
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experimental  system),  with  Gray  coding,  a  decoding  error 
results  in  only  one  bit  being  in  error.  Consequently, 

BERmax  *  Pemax’  or  BERn,ax  *  <BERideal  OFe'^'  (D'7) 
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